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Magnets for separating blood

For the first time the iron content of
red blood corpuscles has been used to
separate them from other blood
components. The red cells are magneti-
cally attracted to a very simple form of
steel wool filter, a technique that
promises to be valuable in research as
well as in medical practice.
Red blood cells are small disc-like bags,
8 um in diameter, occupying 45 to 50
per cent of the total blood volume.
They contain a solution of the blood
pigment haemoglobin. A molecule of
haemoglobin has approximately 10 000
atoms, of which only four are iron. The
iron atoms are essential to the respir-
ation process and they give the blood
its characteristic red colour. They are
important in the separation process
because through them there is enough
iron present to make the red blood
cells very weakly paramagnetic when
in their de-oxygenated state, so that
they experience a force in the presence
of a magnetic field.
In 1968 Henry Kolm of the

Institute of T¢
introduced the concept of the high
gradient magnetic separator, a device
that has been extensively adopted for
cleaning weakly magnetic impurities
from china clay. It has greatly increased
the ‘brightness’ of the clay, so enhanc-
ing its value for coating paper. A typical
HGMS device, depicted in diagram 1,
consists simply of a pad of steel wool
in a magnetic field. This background
field magnetizes the steel wool which,
because of the small dimensions of its
strands, introduces a very large field
gradient, attracting the red blood
cells to the wire and holding them back
while other blood components pass
freely through. When the magnet is
switched off, the steel wool demagnet-
izes and the red blood cells can be
washed off into a separate container.
The results of a typical experiment are
shown in diagram 2. The magnet is
switched on and a 2-millilitre (ml)
sample of blood is applied to the top
of the filter. It is carried through by a
steady flow of sodium dithionite
solution, which also serves as a reducing
agent to keep the blood de-oxygenated.
The volume of blood solution flowing
through is measured and analysed for
red cell content. Apart from the small
hump to the left of the graph, which

Human red blood cells under a scanning
electron microscope.

1 @) ‘«*u 1

t
™ I ABBe ’&.'.‘ | "4»,

‘marks the initial blood application,
the red cell count is very low until

the magnetic field is switched off.
Then all the red cells held on the filter
are washed off and there is a sharp
increase in the red cell count. The vis-
ible effect is a change from an almost
clear fluid to the deep red colour of

blood.

The magnetic field applied in the exper-
iments so far has been about 2 tesla, a
level that is readily obtained from an
electromagnet. The blood flow rates
are low, although it is possible to
process 500 ml (1 pint) of blood in
about 10 minutes. Experiments indicate

that if we double the rate of blood flow,

we need to double the magnetic field to
achieve the same separation effect, so
we are studying different designs of
filters and filter materials to produce a
more efficient separation process.

In handling blood it is important to see
that no damage is caused to the red
cells. In our experiments we have exam-
ined them with a scanning electron
microscope, which was used to produce
the photograph below. So far as we can
tell, the filtration process causes no
serious damage. Early on we did,
however, discover that it is important
to use smooth wire for the filter, We
found that *household” steel wool
ruptured many of the red cells when
they were washed from the wire after
filtration. We attributed this to its
extremely rough and irregular surface

which, after all, is intended for scouring.

The wire wool that we have now
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adopted as our standard material has an
almost smooth surface and the strands
have a diameter of 25 micrometres.
Although the technique is at no more
than the research stage there is consider-
able interest in it for various appli-
cations. For example, there is often a
need for blood which is free of white
cells. This is particularly so in kidney
transplants, because antibodies to
white cells can lead to rejection reac-
tions. HGMS offers a potential supply
of concentrated red cells that can be
used to produce ‘blood’ with a low
white cell count.

To keep red cells fresh for long periods
they are frozen in glycerol. Although it
serves to protect the blood during
freezing and thawing procedures,
removing the glycerol before the blood
can be used poses problems. Here the
HGMS technique offers a new approach.
Another interesting possibility is its
application in kidney machines, whose
job is to take blood from the body,
clean it of impurities and return it. The
impurities are mainly in the white cells
and plasma, and the red cells tend to
impede the blood cleaning process.

Red cells are also easily damaged in the
machine. We envisage removing the red
cells by an HGMS unit before the blood
passes into the kidney machine, and
returning them to the clean blood
before it is re-admitted to the body.
One advantage of the HGMS technique
over conventional centrifugation is that
it is easy to adapt it to continuous flow
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Disgram 1: Elements of the high-gradient
separation device for separating out red
calis from whole blood.

Diagram 2: Concentration of red cells in
blood flowing out of the HGMS filter. 2 ml of
blood is added at the beginning and a series
of 10-ml samples taken of the effluent. The
background magnetic field of 2.5 tesla was
tumed off after sample No. 6 was taken, and
the sharp rise in red cell count indicates the
cellis that had been held back in the filter.
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processing. Furthermore, the device is
made from simple components that can
easily be sterilised and it can be made
into a compact, relatively cheap unit.
We must stress that these applications,
along with a number of others in cell
and blood research, are all at an ex-
tremely tentative stage. What has been
demonstrated is a totally new effect
and we think that it offers an exciting
challenge for further development.
Extract from an article by

Dr D. Melville, Southampton University

D-MOS, which stands for double dif-
fused metal oxide semiconductor, is a
‘Signetics’ development allowing MOS
devices to operate at bipolar-like speeds,
but retain the high density, low power
and low cost of typical MOS semi-
conductors. D-MOS devices have dem-
onstrated speeds five times faster than
n-channel MOS devices, and at least ten
times faster than p-channel devices,
according to Signetics.

The D-MOS devices which are available,
include a number of enhancement-mode
n-channel FET switches, quad FET
switch arrays, quad FET multiplexers
and a quad FET 30 volt driver.

The device currently are finding major
applications in ultra high speed analog
switching (typical on times below

1 nanosecond).

For switching and multiplexing, D-MOS
devices feature very low parasitic
capacitances with low on resistance,
resulting in outstanding switching
characteristics. Typical input capaci-
tance, is in the 2.4 pF area, feedback
capacitance, and 0.1 pF feedthrough
capacitance.

Due to a recent agreement between
Signetics and Intersil, Intersil will add
D-MOS to its product line which has
been expanding in the area of analog
gates and switches. This addition will
significantly extend their switching and
multiplexing lines. It also will allow the
move into new areas of application such
as RF power and power switching,
where D-MOS devices, with their
negative temperature coefficients, can
virtually do away with such problems as
thermal runaway and secondary break-
down.

Intersil, Inc.

10900 North Tantau Ave.

Cupertino, CA 95014 USA.

New digital simulator

Teledyne Acoustic Research (AR) has a
unique programmable delay network
which simulates many complex acous-
tical effects of real or imaginary concert
halls. When installed in a small, non-
reverberant room, the system can give
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section of a compact sixteen-channel
amplifier. This amplifier will feed six-
teen loudspeakers arranged in a hemi-
sphere around the listener. Because of
its flexibility, and the ease with which
delay times can be selected or changed,
the network is expected to find wide
apphcatlon in psychoacoustic research,
music recording and reproduction, and
sound reinforcement.
Where stereophonic recording and
playback are aimed at locating elements
of a complex source within a narrow
forward angle, the programmable delay
network allows its user to simulate the
cues used by the ear and brain to sense
the surrounding space in which the
performance is taking place. The effect
is not dependent upon the recorded
program to any great extent. Even
monophonic recordings often sound
strikingly realistic when the network
is used. However, the system need not
be used only to imitate conventional
concert hall architecture, halls that have
never baen built, indeed halls that are
or Stmctul‘al
can also be realized, at least in simpli-
fied acoustic form, where their effects
are wanted or needed. In addition,
existing rooms that are too small or
absorptive to exhibit desired reverber-
ation can be readily improved acousti-
cally by adding the network.
The AR system differs operationally
from existing digital ‘delay lines’ in
several important ways: its resolution
is more precise by about an order of
‘magnitude, its large number of outputs
provide more natural results than
typical systems with only a few output
channels, and, it is comparatively low
in cost. Most of these gains are obtained
by combining recently developed
integrated circuitry with digital signal
processing, storage, and recovery
techniques new to the audio field. The
network is not based on digital or
analog shift registers.

Acoustic Research International
High Street, Houghton Regis,
Bedfordshire, England

Switchyard controlled by
computers

listeners the convi aural i

of being in a huge auditorium. In ad-
dition, the system allows the user to
change easily his apparent position in
the hall, the location of the source of
sound, or the apparent absorption coef-
ficients of the walls or floor. The net-
work is based on digital circuits, and
delivers sixteen or more delays of up to
several seconds from a single input sig-
nal, each delay value may be set inde-
pendently with resolution of less than
1 millisecond, and assigned to its own

are where freight trains are
taken apart and the cars then made up
into new trains after being sorted
according to destination. This is done
by moving the freight trains over a
double incline, which is called a ‘cat’s
back’. The cars roll by themselves over
several switches at the foot of the
incline and onto the sidings, cars with
the same destination all running onto
the same siding to form a new train.
The two main problems here are
ensuring that the right switches are
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thrown at the right moment and that
the cars roll smoothly into position on
the sidings so that they can be re-
coupled. They should neither collide
nor come to rest too far apart.

The two Siemens process computers at

work in the Mannhexm swnchyard are
taking care of these problems. To do
the job they first need to know several
facts about the incoming cars, the
necessary data is fed to them by telex
after each car has arrived. The computer
system uses this information to compile
an uncoupling list which serves as a
basis for controlling the switches. The
system must also be kept constantly
informed as the cars go through the
uncoupling process so that it can

throw the switches at just the right
moment. This is taken care of by
sensors built into the rails which

report each passing car to the com-
puters.

Re-assembling the freight cars on the
sidings ready for re-coupling is a much
more complex process, and is also
carried out automatically under com-
puter control. As the cars roll down

the incline their length is measured by
radar equipment, the axle load is
registered by means of resistance strain
gauges and the speed is measured at
various points. The computers use this
information to control the rail brakes
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(in photo 2, the thick beams along side
the rails) located at the foot of the
double incline and at the start of the
sidings, as well as special advancing
systems which slowly push each car up
to join the others by means of carriers
situated between the rails.
The experience gained so far at
Mannheim has shown that the use of
process computers for automatic
sorting not only speeds up the
process but also permits the cars to
be handled more safely and more
economically. For example, the
36 stop-block layers previously needed
for stopping cars that were moving
too fast are no longer required, and
there has been a 90% reduction in
damage occurring during the mar-
shalling process.
Siemens AG
Zentraistelle fiir Information
D-8520 Erlangen 2, Postfach 3240
Federal Republic of Germany

All-band anti-bandit
For special use in monitoring and sur-

veillance of radiocommunications
reaching far into the UHF range,
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® tore-select a once detected receiving
frequency within less than one milli-
second.
With the same rapidity, switching-over
from channel reception to frequency
analysing can be achieved, in order to
obtain a ‘finger-print’ of the received
transmitting station. Another advantage
of computer control is given by the fact
that known transmitting stations can be
faded out in order to track intercon-
nected transmissions over considerable
frequency intervals, and to identify
intermodulation distortion from
powerful transmitting stations. Two
types of this receiving equipment have
already been installed with all radio
monitoring stations of the German
Federal Post Administration, covering
the frequency ranges from 10 kHz to
180 MHz and from 10 kHz to 960 MHz.
As this equipment is of modular con-
struction, it may also be used in a
simplified arrangement for less exacting
requirements.
Schlumberger GMBH,
Ingolstidter Strafie 67a,
8000 Munich 46, West Germany
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Modifications to

Additions to

Improvements on
Corrections in

Circuits published in Elektor

have developed the
receiver system ‘FAHD”. Due to the
use of a computer-controlled frequency
synthesizer serving as a local oscillator,
this installation achieves automatic
operation at extremely high speed. It
is possible c.g.
® to measure the field strength of up to
10 000 different incoming fre-
quencies per second,
® to determine simultancously the field
strength and the offset frequency as

well as the FM deviation and the AM
depth of up to 10 receiving channels,

Morse Typewri
On page 227 (issue 10) in figure 2 the
type number of a triple, 3-input NAND-
gate IC is incorrectly given as 1710. This
should, of course, be type 7410.

r

TV Tennis

On page 1117 (issue 7) in figure 7, T3
and T4 are transposed. As these transis-
tors are of the same type this does not
affect the operation of the circuit, but
this point should be noted if fault-
finding is necessary.

).
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HIGH QUALITY
PROFESSIONAL
AUDIO MODULES

Over the years there has been a growing demand for
high quality audio power amplifier modules. At last and
never before has such quality been offered at such a
reasonable price.

All our modules at JPS are fitted with full output
protection, and have a super High Stability Intergrated
Circuit front end containing within itself no less than
twenty transistors.

All JPS products carry a two year guarantee.

Y

assoclates

POWER OUTPUT:
170 W R.MSS. 150
FREQUENCY RESPONSE:
D.C.- 21kHz- 0.2dB
POWER BANDWIDTH:
D.C. - 20kHz - 0.2dB
SLEWING RATE:
8.4V per microsecond
T.H.D: .03%
INPUT SENSITIVITY:*
0OdB (0.775V) 150 W
INPUT IMPEDANCE: * 47k
HUM and NOISE:
>100dB below 150 Watts
DAMPING FACTOR:
>200 to 1kHz
POWER REQUIREMENTS:
155V D.C.
PRICE: £32.02 (inc. VAT)

POWER OUTPUT:
65W R.M.S. 50
FREQUENCY RESPONSE:

D.C. 21kHz 0.2dB
POWER BANDWIDTH:

D.C. 20kHz 0.2 dB
SLEWING RATE:

8.6 V per microsecond
T.H.D: .03%
INPUT SENSITIVITY:*

0dB (0.775V) 50W 8 ohms
INPUT IMPEDANCE:* 47k
HUM and NOISE:

>100dB below 60W
DAMPING FACTOR:

>200 to 1kHz
POWER REQUIREMENTS:

+35V D.C.
PRICE: £19.20 (inc. VAT)

*At a small extra charge, these parameters may be changed
to order. Impedance: Max 250K - Sensitivity: 100m/V RMS

As both modules are totally D.C. coupled, they may also be
ordered as D.C. amplifiers, the Power Response then being
-OdB + 0.5dB - D.C. to 20 kl

POWER SUPPLIES below e availabl upon request:-

PS50 - (Drivessle 50 Watis) €107 ¥STS0/T  (Drvessingle 150 Watts) £18.15
To202 | (Drversial SOWats) €1457  PSIS02 (Drivesdual 150 Watts) £2300
N.B. It is not recommended that the D.C. Modules are used for audio

as extreme low

Please send me further information ()

| herewith enclose Cheque/Postal Order for £
made payable to JPS Associates. D\

FarOrsa watt modules @ £32.02 (inc. VAT)
FDIO 50 watt modules @ £19.20 (inc. VAT)
associates

Quantity Discounts upon request

BE|

HoE STEELE ROAD

ADDRESS PARK ROYAL
Postal Code LONDON NW10 7AR

TELEPHONE 01-961 1274

Al JPS Products carry 2 full Two Year Guaraniee.
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integrated indoor fm aerial

This indoor FM antenna
integrated with its specially
designed amplifier will prove to
be the long wished-for solution
for those who are dissatisfied with
the quality obtained from more or
less makeshift aerials suspended
from the living room ceiling, but
are not in a position to erect a
proper outdoor aerial.

inkearated indoor
fm arial

s |

This article is written for the benefit of
listeners in the possession of efficient
FM stereo equipment that cannot give
a good account of itself due to the fact
that the RF signal from the antenna is of
insufficient level and/or quality. These
conditions can prevail not only in the
case of those who live in lodgings or
temporary apartments, but also in the
case of occupants of blocks of flats
where a compulsory but not quite re-
liable central antenna system has been
installed. Frustrated listeners, unwilling
to bend to circumstances beyond their
control, must than resort to self-con-
structed antennas to be placed in the
Ioft or in the sittingroom itself. The
latter place, however, precludes the
installation of a bulky antenna array,

and necessitates the use of a more
austere system.

For the budding indoor aerial construc-
tor, figure 1 illustrates two simple
dipole designs. The 240/300 © version is
made of a length of ribbon cable tapped
at the centre and with the conductors
joined at the ends; the 60/75 S version
is even more simple and consists merely
of a ribbon cable split over a length of
75 ¢m (30 in) and spread out.

However a simple dipole may not have
enough gain. The only way to compen-
sate for insufficient gain is, the addition
of an RF signal amplifier. Continuing
this line of thought, it seems logical to
combine the dipole and the amplifier
into a selfcontained ‘electronic
antenna’. The basic requirements which

the antenna system will have to perform
involve a set of design targets that differ
from the commonly available aerial
amplifier. The object is not to render a
servicable RF signal better still, but to
turn a poor signal into a servicable one.
The main feature of the integrated sys-
tem will be high gain; side effects such
as intermodulation will not, however, be
disregarded.
The following list of amplifier require-
ments will give an indication of the
problems to be solved in the design of
the integrated system:
1. reduced size;
2. highest possible gain;
3. very low noise content, preferably
lower than found in the majority of
FM tuners;
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stability under all conditions;
relatively straightforward and inex-
pensive construction;

easy tuning-up and operation;

if feasible, supplying DC power via
the cable that connects the inte-
grated antenna to the FM receiver.
Requirement 7 gives occasion to some
further idea’s. It would be an attractive
idea to avoid the complication of a sep-
arate power supply, by letting the re-
ceiver supply the DC current.

In many cases this will not be difficult
to accomplish, provided the current
drain can be kept reasonably low. Com-
bining the power requirement with item
number 2, highest possible gain, seems
to point away from a design using FETs.
Although FET’s have the advantage of
low noise and high immunity from
intermodulation, a FET stage with
reasonable gain will usually draw some

v
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10 milliamps, and even then the gain is 60750
inferior to that of a good bipolar RF
transistor. Using two FET stages would
enable sufficient gain to be obtained.
However the power i of
a H2v
w
—_ E
o
58 3 BF 200
B¢ BFY 90
E
bottom view

D1.D2=2x IN4148
L1A=3trms. L1B=1%...2 turns

g T

about 20 milliamps could not be safely
drawn from the FM receiver.

A more detailed evaluation of require-
ment 3 (amplifier noise) will lead to the
following observations. A FET stage
painstakingly optimalised for minimum
noise (usually rendering a rather low
gain figure!) has a noise content of
about 1 dB at 100 MHz. The noise
figures for most commercially available
FM receivers are seldom lower than
about 4.5 dB. For this reason, there is
little point in sacrificing high gain in
the interest of an unusually low noise
figure.

It has been found that a well-designed
antenna amplifier using good high fre-
ques cy transistors will not exceed about
2 dB of noise.

Figure 1. Indoor dipoles made of standard
ribbon cable.

Figure 2. Circuit diagram of the integrated
indoor antenna. Figure 2b shows power
supply connections to the amplifier.

Circuit Description

Since most modern FM receivers are
supplied with 60 or 75 ohm antenna
inputs, the amplifier was designed to
match this impedance.

To comply with the requirements,
especially those regarding the gain
and stability, it was found that the
most favorable design would be one
featuring cascoded transistors. The
types selected (BFY 90 and BF 200)
are known to be excellent VHF per-
formers.

The antenna proper is an open dipole
made of two metal knitting needles or
thin telescopic antennae; for optimum
matching the overall length must be
150 cm. If space is very restricted and
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a weaker signal is acceptable, shorter
antennae may be used, but the over-all
dipole length should not be under
60 cm (2 ft).
The antenna is an integral part of the
amplifier input circuit formed by Cl
and L1A (see figure 2), diodes D1 and
D2 strapped in reverse-parallel serving
as a protection against excessively
strong signals. Variable capacitor C1 is
used to tune the antenna to maximum
sxgnal strength of the desired station.
tuning control is an essential feature
of the system. Secondary winding L1B
applies the signal to the input transistor
T1. The series circuit L1B/C2 are ad-
justed for an optimum impedance
match by setting C2.
The cascode stage T1 and T2 gives an
appreciable gain. It has been assumed
that the power will be supplied via the
coaxial cable that runs to the FM re-
ceiver. Inductor L2 prevents the ampli-
fied signal from being short-circuited
through the power supply connection.

Power Supply

If it is intended to have a separate
power unit care must be taken that Cx
and Ry (see figure 2b) are mounted as
near as possible to the aerial input ter-
minals of the FM receiver. It should,
however, be remembered that the most
convenient and elegant solution, from a
technical point of view, is to use the
supply of the FM receiver. This involves,
admittedly, a minor modification inside
the set. This modification is not likely
to cause complications.

Figure 3 indicates in more detail how
the job can be carried out. Most re-
ceivers are powered by 12 or 15 volts
requiring a 1KS or 2K2 series resistor
(Rx), respectively. In other cases Ry
can easily be calculated by using this
formula

Receiver voltage — 7.5V _ o
3mA e
The printed circuit board

In order to avoid disappointment when
the design is put to work, it will hardly
be necessary to mention here that
construction of VHF circuitry must be
carried out with care and insight into
the problems that may arise.

In the antenna amplifier the first stage
features the rather ‘ticklish’ type
BFY 90, prone to burst into oscillation
at the slightest provocation, which turns
a sloppily built FM preamplifier into a
more or less efficient FM transmitter.
To avoid problems of this kind, the p.c.
board (see figure 4) was laid out with
extreme care. The components are not
arranged to ‘look good’ but ‘to ‘work
well’. Furthermore the board is double-
sided, one side being used as screening.
The tuning capacitor C1 is not mounted
directly on the p.c. board, so that almost
any type commercially available can be
used.

Constructional notes
The four studs that interconnect the
common copper areas of the top and

o3 2]
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bottom of the p.c. board are of essential
importance. These connections are
made by inserting short lengths of wire
at the common output terminal and at
the three other empty holes in the
board. The studs must be soldered at
both sides of the board. This ensures
good screening.
The next step could be mounting the
transistors. Both T1 and T2 must be
fitted close to the board with a maxi-
mum of % inch of clearance. Since no
fourth hole is available for the case
leads of these transistors, they should be
soldered straight to the copper area on
the component side of the board as
shown in figure 5. The use of a double-
sided board involves a construction in
which the components are mounted
floating above the board surface, which
can best be done by temporarily sliding
a piece of cardboard or similar spacer
the before

Parts List

Resistors (all 1/8 watt)
R1,R2,R3=10k
R4=220Q

R5=470
Ry see text

Capacitors
C1 = variable 2 to 20 p
€2 = trimming capacitor

1210 100 p
c3,c4,c6,

=1 n ceramic

C5 = 220 p ceramic
€7 =10 n ceramic

(or MKM)

Semiconductors

T2 =BF 200

Inductors
L1 = tuning coil see text
L2 =1 to 5 microH choke

-

soldering.

All resistors are 1/8 watt. Capacitors
must be of the high quality ceramic
disc type.

Constructors are advised against winding
L2 themselves. Chokes of the proper
type can be bought from many com-
ponent stores where they are in good
supply at reasonable prices. The induct-
ance is not critical and may be anything
between 1 and 5 microH.

Inductor L1, on the other hand, must
be specially made. It is wound on a
6 mm (% inch) diameter former with a
ferrite core with a permeability ur = 12.
Our prototype amplifier uses a Kaschke
type KH5/2044/20 with a green marker
slugmodel G5/0.75/13 type K3/12/100.
Figure 6 shows its construction. Coil
L1A consists of 3 turns of 0.6 mm
(22 S.W.G.), silver plated copper wire;
LIB has 1% or 2 turns of 0.5 mm enam-
elled copper wire (S.W.G. 24).

The photograph illustrates how the two
small telescopic antennae, the tuning
capacitor, and the p.c. board can be
integrated into a compact unit. It is
imperative to make all wiring, to C1
and the dipoles, as short as possible.

Tuning-up Procedure

After the antenna unit is connected to
the FM receiver, verify that the voltage
across C7 is about 7.5 volts. If not,
correct the resistance of R.

Begin tuning-up by finding a station
near the high end of the band and setting
C1 and C2 to minimum capacitance.
Turn the L1 slug to obtain maximum
signal strength on the FM receiver
tuning indicator. Adjust C1 and C2 for
lowest noise. Then re-adjust the L1 slug
for maximum signal strength, and leave
it there. Finally find a signal at about
95 MHz and adjust C1 and C2, for maxi-
mum strength.

Provided that the dipole length remains
unaltered, the L1 and C2 settings will
remain the same. Accurate peaking-up
on other stations can now be carried out
by means of the tuning capacitor C1.

Performance
Although gain measurements do not,
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Figure 3. RF and power connection to the
FM recsiver.

Figure 4. Component lay-out and printed cir-
cuit board. (EPS 9423). The connections
between the antennae, C1 and the board must
e kept s short as possible.

Figure 5. Emitter, base and collector leads of
both transistors are inserted into the corre-
sponding holes in the board; the case lead is
soldersd straight to the copper surface.

Figare 6. Tuning coil L1 shown in close-up.

Figure 7. Spectrum analyser display of the
84104 MHz VHF-FM band, as picked up by

Figers 8. .. .....and as picked up by the
integrated FM antenna.
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usually, present many complications,
the problem with this integrated design
is the impossibility of measuring the
amplifier separately, because the ampli-
fier and antenna are one unit.

However, it is possible to estimate the
performance of the integrated system
by comparing it with other systems.
The first possibility that comes to mind
is to use a high frequency spectrum
analyser.

A simple %-wave rod antenna was used
as a reference; the measurement result
is shown in figure 7. The spectrum
analyser was set at 30 kHz resolution,
2 MHz per division and 94 MHz center
frequency. The resultant display shows
the performance of this simple antenna
in the 84-104 MHz band. The vertical
scale is 10 dB/div. and the noise level
(i.e. the grass at the bottom of the
picture) is approximately —100 dBm,
corresponding to about 2 uV.

Without altering any of the settings of
the analyser, the integrated aerial was
now measured. Figure 8 shows the
result. The difference is obvious! The
amplifier was tuned to 99 MHz for this
test, and the gain at this frequency
proves to be about 14 dB. Not all
transmitters are boosted equally, of
course, owing to slight differences in
aerial orientation.

A seperate noise measurement showed
that the noise figure must be less than
2 dB — but it was impossible to measure
it accurately with the equipment
available.

Such evaluation by comparison is not,
of course, an adequate substitute for
absolute  measurements  but  will,
nevertheless, give those who intend to
build and use the integrated system an
idea of the results they can expect. This
was affirmed by having the prototype
handed ‘on probation’ to eight exper-
imenters for use in their own house:
seven users preferred the integrated
indoor aerial to their existing central
antenna system.
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display

M. W. M. Henst

Homemade
Dirplay

In many applications where seven-
segment displays are used, such as
digital clocks, it is desirable to
have larger characters than the
0.3" displays commonly available.
Large displays are, unfortunately,
expensive. This article describes a
simple method of constructing a
‘home-brew’ display with 40 mm
(approx 1% in) characters.

The display described here uses filament
lamps as the source of illumination, At
first sight this would seem to be inviting
rapid failure of the display, since a 4-
digit display uses 28 lamps, with conse-
quently 28 times the chance of failure
of a single lamp. This, however, is not
the case.

A 6V 50 mA bulb has a life of typically
500 hours. This does not seem very
promising, but if the supply voltage is
reduced then the life increases as the
13th power of the ratio of the nominal
to the actual voltage i.e.

Life at reduced voltage

13
e (e

Thus if 2 6 V bulb is operated ona 4 V
supply the expected life will be

13
(%) x 500 = 100,000 hours.
The brightness of the lamp at 4 V is
still quite adequate for use in the dis-
play, and the lamp also runs consider-
ably cooler, which must also be con-
sidered when so many lamps are used in
a confined space.
The display consists of four main com-
ponents, a window mask (optional),
which in the case of the clock display
separates the minutes from the hours,
two further masks with slots cut in the
display format, and a backplate on
which the lamps are mounted.

s0

6ol |asg
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Figure 1. Dimensions of the masks (in mm).
One window mask (upper) and two segment
masks (lower) are required. Mounting holes
are not shown, as these will depend on the
case to be used.

Figure 2. The lampholders consist of wire
wrapped round the threaded cap of the lamp.
Plastic conduit is molded to provide a ‘light-
pipe’ and glued to the back of one of the
sogment masks. If desired, a diffuser and/or
filter can be sandwiched between this mask
and the second segment mask.

Figure 3. The lamps can not be driven direct
from the output of a 7447, so transis-
tors must be added. The emitters are connec-
ted to the positive supply rail (figure 4). If the
cireuit is run direct from a 5 Volt TTL supply
instead of the circuit of figure 4, a 2 Amp
rectifier diode should be added in the positive
supply rail to the display.

Figure 4. The power supply with light-con-
trolled output voltage for automatic display
brightness control.

The masks are shown in figure 1. The
layout shown is for a digital clock, but
could easily be adapted for other digital
instruments. The choice of materials is
up to the constructor, but bear in mind
that they should be easy to work and
have a good appearance. A suitable
choice is epoxy-glass printed circuit
laminate, preferably with the copper
etched away, which can be cut very
easily with a hacksaw and may be
sprayed matt black to give an attract-
ive appearance.

The first step in the construction is
to make the masks by drilling and filing
the holes and slots to the pattern in
figure 1. The two segment masks can
be clamped together during these oper-
ations to ensure exact alignment of the
holes. The bulb which is to illuminate
a particular segment is (obviously)
placed behind the corresponding slot in
the mask. However, to prevent light
‘leaking’ to the adjacent segments a
‘light-pipe’ must be provided for each
lamp, as shown in figure 2. These are
made from 16 mm (5/8 in) plastic
electrical conduit, cut into 30 mm (1.2
in) lengths. One end of this is left cir-
cular, to accomodate the bulb, and the
other end is flattened to the shape of
the display segments.

To accomplish this a wooden template
must be made having the same end
cross-section as a display segment. The
end of the conduit is then softened in
boiling water or over a hotplate, the
ends are pinched together (wear gloves!)
and the template is inserted to maintain
the correct shape until the plastic cools.
The conduit for the decimal point bulb
(if used) between the hours and minutes
need not be flattened.

The template also comes in useful
during the fixing of the conduit to the
back of the mask. The template is poked
through the slots in the mask and the
pieces of conduit can be slid over the
end of it to ensure perfect alignment.
The pieces of conduit should be fixed in
place using an epoxy adhesive such as
‘Araldite’.

The backplate of the display can be

made of a sheet of epoxy-glass copper
laminate circuit board. Holes are drilled
in it in each position where a lamp is to
be mounted, large enough for the body of
the lamp to pass through. Lampholders
are made from 18 or 20 S.W.G. tinned
copper wire, by winding it around the
threads of the lamp. The lampholders
can then be soldered in place over each
hole in the blackplate, and the lamps
screwed in so that the end cap of each
lamp protrudes through the backplate.
The copper coating of the backplate
provides the common connection for
the lamps and individual wires can be
soldered to the end caps of the lamps
(see figure 2).

When the backplate is offered up to the
mask each lamp should slide into its
piece of conduit. Any slight misalign-
ment will be taken up by the springi-
ness of the lampholders.

Lamp Drivers

As each lamp will take some 33 mA at
4V it is not possible to drive the lamps
direct from a TTL decoder such as the
7447, so driver transistors must be used
as in figure 3. The inputs to these are
connected to the outputs of the 7447.
28 TUP’s are required for a four-digit
display.

Figure 4 shows the circuit of a power
supply with light-controlled output volt-
age for automatic display brightness
control to suit ambient lighting. If the
ambient light level is high then the
resistance of the LDR RS will be low
and the output voltage will rise to keep
the base voltage of the BC107 constant.
The display brightness will thus increase.
If the ambient light level is low the re-
sistance of RS will be high and the out-
put voltage will fall. RS is mounted so
that it protrudes through a hole in the
window mask, and can sense the ambi-
ent light falling on the display.

Finishing Touches

So that the filaments of the lamps can-
not be seen a diffuser screen of trans-
lucent material must be placed between
the two segment masks. This may be a
sheet of ground or opal glass, acrylic
sheet or just plain white paper.
coloured filter of acrylic sheet or cellu-
loid can also be sandwiched between the
two masks. The front mask can be
sprayed with matt black paint to en-
hance the display contrast.

As a final hint, to obtain more even
illumination, the inside of the conduit
may be painted with aluminium paint
to reflect the light. L}

+4.5V max.

\
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As described in the previous issue,
the Preco is a high quality
preamplifier/control amplifier
system. It has the unusual feature
that the control amplifier can be
used as a remote hand-held unit.
The preamplifier was described in
part 1; the hand-held control
amplifier will be discussed here,
with construction and
interconnection details.

T. Meyrick

part 2

The preamplifier and input selector unit
(Elektor 12, p.416) has a low im-
pedance output. The signal level and
output impedance are such that it can
drive a fairly long screened cable with-
out difficulty, and also provide the low
source impedance required for driving a
Baxandall tone control network.

In designing the control amplifier, we

must now bear in mind that:

— the source impedance will be low,
and a known value. This is useful.

— the output will have to run over a
‘phantom’ power supply, for econ-
omy of connecting cable as discussed
in part 1. This is a complication.

— the unit must be fairly small, for use
in an attractive hand-held box. This
restricts the number of bulky com-
ponents (e.g. electrolytics) that can
be used.

Assuming that the control amplifier

functions should be musically-useful

and sufficient, the required controls are:

— logarithmic volume control, without
‘contour’

— stereo balance or ‘position’ control,
providing constant total energy;

— stereo ‘width> control, providing a
continuous range from mono
through ‘true stereo’ to ‘extended
stereo’;

— symmetrical tone controls, operating
in the lower-bass and upper-treble
ranges, intended to be useful rather
than ‘effective’.

Control amplifier
The complete circuit for one channel is

Table 1. Performance figures.

Preamp

Output level: 190 mV (nominal)
V (maximum)
Input sensitivity:

Input1: 40 ...1500 mV*
Input2: 05 ...1500 mV*
Input3: 125... 9mv*

* can be preset for each input, see text

and table 2.

Control amplifier

Output level: 400 mV (nominal)
V (maximum)
: 190 mV (nominal)
10dB at 12,5 kHz
125 dB at 63 Hz

Input sensitivit
Treble contre
Bass control:

Preco, overall

<01 %at 1 Vout

< 0.03% at 400 mV out
Signal-to-noise ratio:

discinput: > 95dB

other inputs: >100 dB

Msaximum cable length to remote control
unit: 30 ft.

Distortior

Figure 1. Complete circuit diagram (on -
nel shown). Figure 1a is the preamp/input

selector, figure 1b is the control amplifi
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shown in figure 1b (figure la is the pre-
amplifier circuit already described).

The heart of the control amplifier is the
two-transistor gain stage, consisting of a
PNP voltage amplifier (TS5) bootstrap-
loaded by an NPN current amplifier
(T6).

The collector current of TS is set by the
value of R37, since the voltage drop
across this resistor is approximately
700 mV. The value chosen sets the
collector current at about 150 uA,
thereby  avoiding  excessive low-
frequency (T) noise and giving a reason-
able impedance match to the tone con-
trol circuit.

The DC voltage at the emitter of T5 is
set by the ratio of R34 and R35 (once
again, the voltage across R34 is practi-

cally constant); for the values given, this
voltage is about 5 V. The voltage at the
collector of T6 is about 2 V higher (the
voltage drop across R36).

The last DC setting is the collector cur-
rent of T6. This is determined by the
voltage drop across R24 (in the phan-
tom power supply, figure la) and the
value of this resistor. With the values
shown, there is about 10V drop across
a 3k3 resistor, i.e. 3 mA.

The open-doop gain of the transistor
pair, from the base of TS to the emitter
of T6, can be estimated as follows. The
transconductance of TS (i.e. collector
current divided by base-emitter voltage,
for small input signals) is determined by
the collector current; a good approxi-
mation is: 40 x Ic,Ts = 6 mA/V. The
collector load impedance is R38 multi-

plied by half the small-signal current
gain  of T6, ie. approximately
150 x 3302 ~ 50 k. The open-loop
gain is transconductance x load =~
6 x 50 = 300 x. The open-loop roll-off
is determined by C21.
The last circuit detail concerning the
basic transistor pair is the phantom
power supply. This consists of R24,
R25, R26, C11, C12 and Z1. In effect,
R24 is the collector load resistor for T6,
to the bilised
supply; Cl1 is the output coupling
capacitor. Both the AC output signal
current and the DC supply current come
down the cable from this interface cir-
cuit to the control amplifier (con-
nection ‘A’). The DCsupply to TS is
decoupled by R36 and C20.
So much for the basic DC arrangements.

1a

T1,13=BC179C
T2,T4 = BC109C
* see text

4 metal film resistor
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The next step is to convert this remote
gain stage into a control amplifier.

Tone control

The tone control circuit is basically that
suggested by P.J. Baxandall, which has
since become something of a world
standard (and rightly so!). This particu-
lar variant is similar to that employed in
the Quad 33 control amplifier. It has
the advantage of securing a better noise-
match to an amplifier using bipolar
transistors, provided it is driven from a
low-impedance source. This is the
reason why the preamplifier was
designed for a low output impedance,
and why the volume control is a 1k
potentiometer.

The principle of the bass control is
fairly well known. The associated ampli-
fier works in the ‘virtual earth’ con-
figuration, whereby the input im-
pedance and the feedback impedance
both rise with decreasing frequency.
In the centre position of the bass
control, both impedances track in such
a way that the net gain (determined
by the ratio of these impedances)
is constant — the frequency response is
“flat’. When the bass control is set to an
off-centre position, the two impedances
no longer track correctly: one or other
of them dominates at lower frequencies,
causing an increase or decrease of gain
in this range — bass boost or cut,
respectively. The result is shown in
figure 2.

A treble control function is now basi-
cally obtained by shunting RC networks
across the two 18 k resistors (R31 and
R32). This causes both the input and
the feedback impedances to fall in value
towards higher frequencies. Once again,
a symmetrical fall has no effect, but this
symmetry is thrown out of balance
when the treble control is set off-centre
— causing treble boost or cut (see fig-
ure 2).

The favourable noise-match provided by

this circuit results from the direct con-

nection between the virtual earth point

(the slider of P3) and the base of TS.

The amplifier is thus driven from a low-

impedance source: the 18k resistor

divided by the open-loop gain, i.e. about
Q

Balance control

The balance (or ‘stereo position’) con-
trol P5 operates in a slightly unusual
way.

For AC, T6 operates as a current
source: the current ‘coming out’ is
determined by the signal voltage at the
emitter of this transistor and the im-
pedance between the emitter and supply
common (R38, mainly).

The output signal at the collector of T6
(this is also the actual output of the
Preco) is simply the product of the
collector current of T6 and the load
impedance at this point. PS can be used
to vary this load impedance, so the
position of the slider will determine the
gain-ratio between the two channels.
The control range is from about +3 dB

to —8dB for each channel, and the
tracking is such that the total repro-
duced power level is reasonably inde-
pendent of the setting of PS. Note that
this circuit can be readily extended to
surroundsound operation with more
than two loudspeaker channels! !

Width control

One of the most uncommon, least
understood and most controversial con-
trols is the ‘stereo image width control’.
However, experience shows that it can
be a useful feature, and it can be
achieved with one resistor and one

potentiometer . . .
The principle can be explained in severall
ways. In the article ‘Tap preamp)

(Elektor 4, p. 624), the discussion was|
based on ‘seeing what happens to the
original left and right input signals’,
Elsewhere in this issue an explanation is
given that is based on a mechanical
equivalent using weights and balloo;
on a balance. A third possible expla-
nation will be given here.
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Table 2

| ,

R1R1’ R2R2 R3R3’ R4,R4’ R14,R14" };
put 1 | input 2
100 k 47 100 k ak7 o 880 mV | 880 mV
100 k 10k 100 k 10k o 440 mV | 440 mV
100 k 22k 100 k 22k o | 220mV | 220 mv
56 k 56 k 56 k 56 k o 80mV | 80 mV
| 100k o 100 k Lol ‘ 40mV | 40mv
| - 0 363 3k3 - 5mV

Figure 2. Tone control characteristics
(extreme positions of the controls).

Figure 3. Detail of the width control circuit.
Figure 4. Printed circuit board and com-

ponent layout for the preamplifier (EPS
9398).

Table 2. Resistor values for various input

i

]

Y,

1%

s

Any stereo signal pair can be considered
as the sum and difference of a mono-
phonic ‘M’ signal and a left-right differ-
ence signal °S”. In stereo broadcasting it
is the ‘S’ signal that is modulated on the
38 kHz subcarrier; with gramophone
records the ‘M’ and ‘S’ signals corre-
spond to horizontal and vertical modu-
lation of the groove, respectively.

It is generally assumed that professional
mxing and balancing is done by an
operator seated at the third point of an
cquilateral triangle with reference to his
monitoring loudspeakers. If, for any
reason, this was not in fact the case — or
if the home listener wishes to sit in
some other position of symmetry rela-
tive to his loudspeakers — it may be
possible to improve the resulting stereo
image by slightly modifying the relative
gain of the ‘S’ signal path.

In the cratrol unit, P2 is the ‘relative
gain’ control. It has no effect on the ‘M
signal, because this is (per definition!) in
phase and at equal amplitude in both
channels. The °S’signal, on the other

Parts list for figure 4:

Resistors:

RER8'= 470 k (2)
R9,R9’ = 100 k (2)

R24,R24" = 3k3

R25,R25' = 27 k
R26 = 680

(1) see table 2
(2) preferably metal film

Capacitors:
cicr

€9,c9 uav
€10,C10°,C11,C11' = 10 /25 V
C12=100 u/25 V

Semiconductors:

T1,T1,T3,T3' = BC 179C or equ.
T2,T2',T4,T4" = BC 109C or equ.
21 = zener diode 18 volt 400 mW

Sundries:
$13/S1b/S1a"/S1b’ = 3-way, 4-deck
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hand, is at equal amplitude but in anti-
phase in both channels. The potentio-
meter therefore introduces crosstalk
(‘blend’) between the two channels
which reduces the level of the S’ signal.
At one extreme end of the control range
the resistance of the potentiometer is
zero, causing infinite crosstalk and
therefore zero ‘S’signal. The result is
mono — only the ‘M’ signal is left. At
the other extreme end of the range, P2
is simply a 10 k resistor; the crosstalk is
now reduced to approximately —30 dB,
so the ‘S’ signal is scarcely attenuated.
So far so good, but the control range is
now from mono to not-quite stereo.
The next step is to offset the control
range so that ‘normal separation’ (i.e.
‘true stereo’) corresponds to the mid-
position of P2. This is achieved by
adding R39 and R39' between the
emitters of T6 and T6’ (see figure 3). In
effect, this converts the output stage
into a differential amplifier: the reduced
impedance between the emitters boosts
the output currents for differential-
mode signals (the ‘S’ signal) but has no
influence on the common-mode signal
(the ‘M’ signal). The resistor values are
chosen so that the relative boost of the
gain for the ‘S’ signals at the output is
equal to the relative attenuation of
these signals caused by P2 at the input,
when this control is set in the mid-
position.

The ‘S’ level can now be set anywhere
between complete suppression (mono)
and 3 dB boost relative to the ‘M’ level
(extended stereo); the mid-position of
P2 corresponds to equal ‘S’ and ‘M’
levels (stereo).

People who have a (subconscious?) dis-
trust of any system that ‘fiddles with
the channel separation’ in a stereo
system can add S2: it defeats the entire
control and switches the amplifier to
stereo.

Note that R23 and R30 form part of
the ‘blend’ circuit — they would be
needed in any case if a ‘mono’ switch
were to be included. This does mean,
however, that the output at ‘B’ will not
normally have full channel separation
unless switch S2 is opened — a point to
watch if this output is to be used for
tape recording! It would be safer in that
case to replace R23 by a wire link and
change the value of R30 to 390 Q.

Interconnections

Basically, interconnecting the preampli-
fier and the control amplifier is quite
simple: Connection ‘A’ on the preamp
is linked to ‘A’ on the control amp, ‘B’
is linked to ‘B’, ‘C’ to ‘C’, etc. In total,
four signal lines and a supply common
connection are required.

Unfortunately, in the readily-available
type of fourcore screened cable the
actual cores are individually screened —

* see text

Parts list for figure 5.

Resistors:
R30,R30" =270
R31,R31"R32,R32' = 18 k

R33,R33' = 3k3
R34,R34" = 56 k
R35,R35' =470 k
R36,R36' = 12 k
R37,R37" = 4k7

R40,R40" = 390 O

Potentiometers:
P1P1'= 1 k log stereo
0 k log

00 k lin stereo
J 0 k lin stereo
P 5=2k2lin

Capacitors:
€15,C15',22,C22
C16,C16',C17,C17
€18,C18',C19,C19’
€20,C20",23,C23
€21,€21" = 1n5

Semiconductors:
T5,T5° = BC 179C or equ.
T6,T6 = BC 109C or equ.

Sundries:
$2a/$2b double-pole single throw

Figure 5. Printed circuit board and com-
ponent layout for the control amplifier (EPS
9399).

Figure 6. A possible circuit for deriving the
supply to the Preco from the power amplifier
supply.

Figure 7. Complete interconnection diagram,
showing where the screens of the various
cables are connected to each other and to
supply common.
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but there is no ‘signal return’ other than
the common interleaved screen. Manu-
facturers have presumably made this
choice for reasons of cost — without
realising the RF implications of a screen
that is used to carry signal currents.

The problem is that any HF voltage
induced between the ends of the screen,
for instance by a broadcast or ‘ham’
transmitter, will be delivered direct to
the amplifier input — and this can lead
to distortion and a variety of nasty
demodulation effects (‘breakthrough’).
This can be avoided only by providing a
separate signal return inside the screen,
and connecting the screen itself to
supply common at one end only.

Some people have known all this for
years — and studio wiring is always fully
screened (if only to avoid mains hum!).
The question is: which is cheaper, doing
the job properly by ‘killing’ the aerial —
or inserting chokes and capacitors all
over the circuit to kill the unwanted
signals?

The control unit described here was
designed to tolerate a moderate RF
input signal level, so standard four-core
screened cable can be used in most
cases. In the unlikely event that trouble
is encountered, a 4n7 capacitor can be
included in parallel with P1 (between
points 5 and 6).

If the power amplifier is embarassed by
HF (and one cannot suitably redesign
it), a 1k resistor can be included be-
tween the preco output and the power
amplifier input, and a 2n2 capacitor
connected across the power amplifier
input.

Construction details

The p.c. board and component layout
for the preamplifier/input selector unit
are shown in figure 4; the board and
component layout for the control
amplifier are given in figure 5. The
values of resistors R1, R2, R3, R4 and
R14 depend on the required input sensi-
tivities (see table 2).

As discussed earlier, both units can be
mounted in the same cabinet to obtain
a conventional preamp/control amp
unit. Alternatively, the control amplifier
can be used as a ‘remote’ hand-held
unit.

In either case it is advisable to keep the
mains transformer well out of the way,
and a simple solution is to tap the
preamplifier supply off from the power
amplifier. The circuit shown in figure 6
can be used for this purpose. In essence,
Tl simply acts as a current source,
effectively preventing the ripple on the
main amplifier’s power supply getting
through to the preamp; the zener diode
and LED stabilise the output at about
24 V. The circuit should be mounted in
the main amplifier case.

Particular attention should be given to
the supply common connection (or lack
of it!) in figure 6. The ‘input’ supply
common connection is connected to the
main supply electrolytics, whereas the
‘output” supply common is connected at
the input to the main amplifier.

Table 3. Test voltages.

Test point voltage (+20%)
25V
£
06V
15V
12 v
13V
45V
BV
15V
IV
75V

SoooNoaswNn =

norm specifies that pins 3 and 5 of the!
plug are the left and right signal con-
nections, respectively, and pin2 is
supply common. This means that the
screen and any additional signal return,
cores are all connected to this pin. Of
course, if one is not particularly worried
about being ‘conventional’, there is no
reason why the separate signal return:
cores should not be connected to the
unused pins 1 and 4. They can then
continue as separate cores right up to.
the preamp board, where they are con-
nected to supply common.

Going back to the ‘official’ version,
however: we now have two signal lines
and one supply common connection on
the socket. An additional complication

is that the metal outer shell of the:
socket and of the plug must also be con-
nected to supply common. The best
solution is usually to connect the outer
shell of the socket to chassis, as shown,

note that it is not connected to pin 2!
In practice, a small capacitor (10 n or
50) between the shell and pin 2 has been
known to kill some of the unwanted
RFI. The cable manufacturers once
again make life difficult at this point:
the metal outer shell of the plug is often
to pin2 inside the plug.

Table 3. Test voltages measured at the points
shown in figure 1.

Taking the most complicated arrange-
ment as an example (preamp, control
amp and main amp as three separate
units), figure 7 shows an ‘approved’
wiring layout. The main points to watch
are:

Input connections

The signal inputs are connected to the
preamp using screened cable. The 5-pin,
180°DIN plugs shown are probably the
worst type of connectors to wire
correctly . . .

However, the basic principle is as fol-
lows. The screen of the input leads
should be connected to supply common
at the preamplifier input; the outer shell
of the socket should also be connected
to supply common; the incoming signal
return must also be connected to supply
common; if the incoming cables are of
an appreciable length, using the outer
screen as signal return should be avoided
if possible; earth loops must be avoided.
Starting from the signal source (e.g. disc
cartridge), the ‘ideal’ connection would
be: the two ‘hot’ connections and the
two signal returns each run over a
separate core inside the outer screening
of the cable; the screen itself is only
connected to supply common at one
end (at the preamp). This is where four-
core screened cable is useful! In prac-
tice, regrettably, most manufacturers
supply two-core screened cable with
their equipment and use the screen as
common signal return. No matter what
type of cable is used, however, the DIN

Sometimes it is possible to get at this
connection and cut it. If the plug is,
molded on to the cable, the only really
effective solution (apart from investing
in a new plug) is to insulate the outer
shell of the socket from chassis: it will
be connected to supply common as
soon as the offending plug is inserted.,
Perhaps all this may sound rather
‘perfectionistic’ . . . However, practical
experience does show that these prob-
lems occur more often than one might,
expect. A simple test can illustrate this.
1t often happens that a preamp is ‘dead
silent’ as long as no inputs are con-
nected; as soon as a cable is plugged in it
starts to hum. This is usually due to the
problems outlined above. To test
whether this is the case, turn the volume
and bass controls up and then short
pin2 to the outer shell of the input
socket. If the hum increases, you will
need to use plugs without an internal

connection between pin 2 and the outer |

shell . ..
The connections from the input sockets
to the preamp board should now be
relatively straightforward: the only
thing to watch is that earth loops are
avoided.

Preamp/control amp connection

The problems involved here have
already been discussed. The only new
element involved in figure 7 is the type
of connector.

To eliminate the possibility of putting
plugs into the wrong sockets, it is a
good idea to use different types of:
socket for the various jobs. The inputs
are 180°DIN, so the interconnecting
cable will have to use something else.
The five-pin ‘die’ plug shown in figure 7
has one disadvantage: the plug fits the
socket in two different ways — pin 4,
say, of the plug can go into pin 4 or
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pin 2 of the socket. In most of the con-
nections this could have disastrous
results, but in the interconnection
between preamp and control amp the
danger is slight. The only thing that will
go wrong if the plug is inserted ‘the
wrong way round’ is that the stereo
balance control will work ‘back to
front’.

Preco to power amplifier

As described earlier, it is advisable to
derive the supply to the Preco from the
power amplifier supply, if possible.

For similar reasons to those outlined
carlier, the preferred arrangement is to
use four-core screened cable: two cores
for the left and right signal outputs, one
for positive supply and one for supply
common. The screen is then connected
to supply common at one end only.

The connector suggested in this case is a
S-pin, 270°DIN plug. If desired, pin 3
on this connector can be used for the
supply common connection: an extra
lead would then run from this point to
the supply common connection on the
preamplifier board; pin 2 would be used
for the connection to the screens only.

Tape recorder

The best point to use as an output for
recording on tape is the output of the
preamp. This is shown in figure 7,
input 1.

The only point to watch here is that the
width control must be switched out of
circuit when recording. Alternatively,
R23 and R23" can be replaced by a wire
link and R30 and R30" can be increased
10390 Q.

Final comments
The performance figures are summarised
in table 1. Photo 1 shows the measure-
ment results on a spectrum analyser;
test signal 1 kHz, vertical scale 10 dB/
div, horizontal scale 500 Hz/div. Refer-
ence signal level (0 dB) was approxi-
mately 775 mV. As can be seen from
the photo, distortion was more than
60dB down, ie. less than 0.1%. The
residual noise on the photo is the spec-
trum analyser: a separate measurement
shows that the signal-to-noise ratio of
the Preco is better than 105 dB.
At a lower reference level (—10 dB, or
about 250 mV), distortion proved to be
approximately —70 dB (0.03%), and the
signal-to-noise ratio was about 100 dB.
Finally, should any problems occur,
table 3 shows the voltages measured at
the various test points marked in fig-
ure 1. This table can be used as an aid
when troubleshooting — bearing in
mind that voltages within 20% of the
values given can be considered ‘correct’.
L]
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One of the least understood controls on
an amplifier is the ‘stereo image width
control’. From several readers’ queries
it has become obvious that a new
attempt to explain it in an entirely
different way should be quite welcome.

In this short article, the explanation is
based on comparison with an analogous
mechanical system: weights, balloons
and a balance.

In figurea, two equal weights (say,
1 kilogram) are placed at the ends of the
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balance. The balance itself is considered
weightless. For equilibrium, the pivot
(X) must be at the centre of the bal-
ance.
If an extra kilogram is added to the
weight at the left, the pivot must be
moved to a position left of centre to re-
store equilibrium (figure b). Similarly, if
an extra weight is added at the right
instead, the pivot must be moved out
towards the right (figure c).
If there is no weight at all at one end,
the pivot must be placed under the
remaining weight — the balance itself is
weightless! — as shown in figures d
ande.
A stereo loudspeaker pair works in a
similar way! Assume that the position
of the loudspeakers corresponds to that
of the two weights at the end of the bal-
ance; the ‘weight’ corresponds to the
sound level at the speaker — assuming
for the moment that only one signal
source (solo instrument) is being repro-
duced.
The position of the pivot X when the
balance is in equilibrium corresponds to
the position of the phantom sound
source in stereo reproduction. Figures a,
d and e give an exact analogon of
(phantom) images at centre-front, left
and right respectively; figures b and c
can only be taken as an indication of
the approximate position of the phan-
tom stereo images. The main point is
that the mechanical system can be used
to study the influence of changes in
amplitude balance between the channels
(‘weight’) on the position of the phan-
tom image (‘pivot’).
It has already been shown mathemat-
ically that ‘stereo enhancement’ can be
achieved using negative crosstalk (see
‘TAP preamp 2’ and ‘Preco 2’). This can
now be illustrated using the balance.
Imagine a solo instrument being repro-
duced via a stereo loudspeaker pair, the
right channel amplifier delivering
12 Watts and the left channel amplifier
delivering 4 Watts. Translate Watts to
kilograms and the result is shown in fig-
ure f.
Now we will introduce 25% negative
crosstalk between the channels. This
means that the output power of the left
channel becomes 4 — % x 12 = 1 Watt;
the right channel output becomes
12 — % x 4 = 11 Watts. In figure g the
crosstalk components are shown as
balloons (i.e. negative weights); in fig-
ure h the balloons and weights at each
to i

93982

this implies that negative crosstalk can
produce a phantom image ‘outside’ the
loudspeakers (to the right of the right-
hand loudspeaker, in this case)!
Speaking generally, introducing negative
crosstalk can shift all ‘off-centre’ phan-
tom images further out from centre-
front. This increase in ‘stereo image
width’ is also called ‘stereo enhance-
ment’.

Operation of a balance control can be

end have been i

weights and the pivot has been moved
to restore equilibrium. The result is
obvious: the phantom image (the pivot)
has moved out towards the right-hand
loudspeaker.

For a more extreme case, we can use
50% negative crosstalk instead of the
25% assumed in the previous example.
The corresponding balloons are shown
in figure i; the final situation is shown in
figurej. In this case, the resulting
‘weight’ at the left is actually a balloon;
the pivot has to be moved out past the
weight at the right to restore equilib-
rium. In the case of stereo localisation,

in the same way. Figure k
shows a basic situation with two solo
instruments X and Y. Assume that the
balance control is now turned to the
right, so that the output level of the
right-hand channel is doubled and the
output at the left is halved. Figure 1
shows the result: both phantom images
(‘pivots’) move out to the right and the
stereo image width is reduced.

To further illustrate the difference be-
tween a balance control and an image
width control, we can go back to the
situation in figure k and use the image
width control to introduce 33% negative
crosstalk. The result is shown in fig-

ure m: both pivots move out from the
centre (past the speakers, in this case) —
increasing the image ‘width’ but without
altering the ‘balance’. [
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The first part of this article
(Elektor 12, p. 448) outlined the
thinking that led to the Equin
amplifier design.

In this second part of the article,
the ‘paper’ amplifier is converted
into a ready-to-build recipe.

To what extent the performance
of the prototype will be equalled
by other ‘cooks’ depends partly
on the quality of the components
used. However, the intention was
to produce a ‘musical’ amplifier

— and the listener’s ear shall be the
final judge. In our experience even
a ‘worst-case’ amplifier could not
be distinguished by ear from the
prototype.

First of all, a little more about compo-
nent quality. It should be obvious that
even the most carefully designed circuit,
when built up with parts of indifferent
quality, will quite probably give an
indifferent result.

Higher quality, on the other hand,
invariably means ‘higher price’. This
implies that unnecessarily high quality
will mean unnecessarily high price.
A design’s success may not therefore
depend upon the use of precision R’s
and C’s, or upon carefully-matched
transistor-pairs. With the few exceptions
about to be mentioned, all parts can be
of readily-available ‘standard quality’
_ midway between junkbox and labora-
tory-standard!

The first warning concerns the loud-
speaker-coupling electrolytic, C10. This
must be a reliable type, of adequate
rating. Its rated working voltage should
be at least equal to the maximum supply
voltage. It should have a ripple-current
rating at least equal to the maximum
output current; if that means a bulky
component use a bulky component
_ anything else might cost a lot of cash
later! The specified value of 2000 to
2500 4F is more than large enough,
even for the case of a 4 Q load (forget
the nonsense about extremely high
damping factors at extremely low
frequencies . . . ).

The second warning concerns the use
of bargain-variety 2N3055 transistors of
undisclosed origin. (T7 and T10.) Some
of these ‘workhorses of electronics’
have excessively high leakage currents,
that often increase with operating time.
Suppliers have been known to stamp
2N3055 on the unmarked case of a
quite different animal (that had a much
smaller crystal into the ‘bargain’).

Still on the subject of output transistors,
it will help if the devices used have a
reasonably high current gain — since this
will reduce the dissipation in the drivers
(T6 and T9).

The cutoff-frequency of the output
transistors is important, since it has a
bearing on the switching behaviour of
the output stage at high drive levels and
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higher frequencies. Assuming a sym-
metrical drive signal, ‘perfect’ output
transistors in class B conduct in turn,
each for just over 50% of the time. Real
transistors however have finite turn-on
and turn-off times, so that there will
be an interval between the polarity-
reversal of the drive-signal and the actual
moment at which the conducting tran-
sistor turns off. This effect reduces the
output stage efficiency at higher fre-
quencies, ie. the dissipation will in-
crease.

The higher the cutoff frequency (ff,
also called ‘gain-bandwidth product’)
of T7 and T10, the better (faster) these
transistors will switch. On the list of
‘possible types’ for T7 and T10 it is the
2N3055 that has by far the lowest fT.
It is also the lowest in price. It would
be theoretically ‘better’ to use consider-
ably faster devices, with a gain-band-
width product of 50...100 MHz. The
trouble is that such transistors are not
only expensive; their construction is
necessarily ‘delicate’ — so that momen-
tary overloads can easily destroy them.
The Equin is not provided with the
complicated and expensive limiter cir-
cuitry that would be needed to prevent
this, On the other hand, transistors of
the 2N3055 family are much more
ruggedly constructed and not so easy
to destroy!

The emitter resistors R19 and R23
should be built up with three one-watt
carbon film resistors in parallel Thls

Table 1. Specifications.
Continuous sinewave power, both chan-
nels driven, at an off-load supply voltage
of 45 volts:

2 x 20 watts into 8 ohms

2 x 35 watts into 4 ohms
Ditto, but at an off-load supply voltage
of 60 volts:

2 x 35 watts into 8 ohms

2 x 50 watts into 4 ohms
(These minimum-ratings allow for a
‘typical’ on-load drop in the actual
supply voltage).
Harmonic distortion:

<0.1% peak at 1 kHz
Input impedance:

approx. 40 k)
Input sensitivity:
580 mV (RMS nom.) for 20 W into 8 ohm
550 mV (RMS nom.) for 35 W into 4 ohm
760 mV (RMS nom.) for 35 W into 8 ohm
730 mV (RMS nom.) for 50 W into 4 ohm

Figure 1. Circuit diagram of the Equin power
This diagram differs from that
given in part 1, to the extent that a few parts
have been added or changed in value. D5/R27
improves ma clipping-behaviour on negative
overdrive. L1/R28 may be added to improve

(e.g. Mullard) are in fact metal-film
types, that will double as fuses in the
event of short-circuits. The same applies
to RIS, if thecollector of either T7 or
T10 is shorted to the heatsink. |
The list of alternative types given for |
transistors T1 to T10 is by no means
exhaustive. When a given type is avail-
able with a suffix a, b or ¢ denoting a
current-gain selection, do not use the
‘basic’ version; this product is often the
cheapest, because it consists of the
ultra-low-gain  ‘leftovers’. With the
exception of T1 and T4, all transistors
should have a V(EgQ rating at least
equal to the supply voltage.

The output power

The output power rating of an amplifier
is admittedly important, but invariably
gets too much attention. Nonetheless,
to please the greatest possible number
of constructors, this article will indicate
how the standard 45-volt-supply version
can be modified for uprated operation
on 60 volts.

Table 1 specifies the continuous sine-
wave power that the amplifier will
deliver into two load impedances at
each of two nominal supply voltages.
These ratings are essentially ‘worst case’
values; the actual power obtained will

when using

Ioudsrmaken

Equin power supply does not
need regulation! This figure also shows the

ar is a) cheaper, b)

tive — and any inductance in the output
stage would make the switching per-
formance even worse. Note that low-
value ‘carbon resistors’ by some makers

y supply and supply common
wiring for a stereo-pair; the central ‘common’
point (C12, C13) is only to be connected to
chassis via the poweramp p.c. boards, at their
common input.

depend on the quality of the supply |
|

Table 2 gives information on the power

transformer that will be required. The
load currents given apply to sinewave
output, both channels fully driven.
Since a music signal invariably has a
lower average power than a sinewave
of the same peak value, the music load-
current will be lower than the values

1

45...60V
3
o I ©
3 DI...D5=
m o
o | oS Na148
. = 3| o)
see text o
§id
8C oy
547b

401 1
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21-24
2223=63A
C12,C13= 4700 4/63 V
D,,Dy = 10A/100V

* see text

Table 2.

Mains-transformer requirements, standard
version.

Nominal DC voltage
(volt)

45
Secondary AC (off- 360r
load) voltage (volt) 2x36%)

Average (direct)

current at table 1

power level

(both channels

driven)

*) centre-tapped winding for two-diode
rectifier.

2x 20 W/8Q: 1.6 A
2x35W/4Q:3 A

ransformer requirements, uprated

Nominal DC voltage
(volt) 60

Secondary AC (off- 4501
load) voltage (volt) 2x45%)
(maximum
48 or 2x48)
Average (direct)
current at table 1 2x35W/B Q: 2.1 A
power levels 2x 50 W/4 £2: 3.6 A
(both channels
driven)

*) centre-tapped winding for two-diode
rectifier.

given. If the power transformer has a
very low winding resistance the supply
voltage will not drop so far on continu-
ous load. The continuous output power
and the current drawn will then both
be higher than the values given in
tables 1 and 2.

When the 60 volt version drives a 4 ohm
load, the current limiting diodes
DI...D4 will slightly reduce the
maximum output power. Anybody who
proposes for this reason to omit the
diodes should note that the only short-
circuit protection left will be the fuses
22 and 23!

The amount of ripple on the loaded
supply line depends on the components
used. If one has an oscilloscope it is
permissible to trim R1 for symmetrical
“clipping’ of the output waveform (mid-
point voltage exactly halfway between
chassis and ripple-trough levels). Watt
was that about people giving too much
attention to output power ratings?

The printed circuit board

The circuit and the pc board layout
have both been deliberately designed
to allow the use of several alternative
transistor types.

The drivers T6 and T9 may be TOS
types (with cooling multifin), or TOS
types - with - welded - on - cooling - plate

(40410 and 40409 respectively). The
popular flat-package BDI137... 140
series can also be used, with the copper
pad in contact with a U-shape heat sink
(see figure 3b).

All other transistors are either TOS
types or ‘plastics’ with their base-lead
in the middle.

It is a clever idea, when assembling the
amplifier, to turn P1 fully anticlockwise.
Forgetting to do this before first turning
on the power could have unpleasant
consequences. See also the section
‘quiescent current adjustment’.

If the drivers (T6 and T9) are to be
TOS-can types, one should take care to
use the right p.c.-board holes. Note that
Elektor boards also have the track lay-
out printed on the component side, to
serve as a guide in this kind of situation.
Finally, do not overlook the cheapest
component on the board . . . the jumper
in series with R6.

Heat sink

The output devices T7 and T10 may be
mounted, using TO3 mica insulators,
on a common heat sink. The more
efficient this heat sink is made, the
greater will be the power that can be
continuously delivered before things
start to get hot. The thermal resistance
(for each channel) should in any case
be less than 2°C/W.



equin |

528 — elektor may 1976

Thermal resistance 12.5°C/W.

Thermal resistance 12.5°C/W

401 3

All dimensions in mm




therma resstance | = 100 mm = 1.65°C/W
thermal resistance | = 50 mm = 2.25°C/W.

Figure 3. Various constructional details for
the Equin.

3a: The assembly of L1/R28 (desirable with
electrostatic loudspeakers).

3b: The cooling arrangements for T6 and T9;
use the arrangement that matches the tran-
sistors in use.

3c: Mounting and connection of the power
transistors T7 and T10 (bottom view), with
and without use of a TO-3 socket.

3d: Typical extruded heat-sinks; the thermal
resistance quoted applies to the blackened
sink of length specified in the drawing.

Figure 3d shows a few of the usual
dil; ilable extruded ini
heat sink types. The blackened type
radiates better than the blank metal
type, so that it is to be preferred for its
lower thermal resistance (ie. to am-
bient). The minimum height for a verti-
cally mounted common heat sink is
75 mm, preferably 100 mm if the
cabinet height will allow it. The tran-
sistors may alternatively be provided
with  individual heat sinks of
50...75 mm. When individual sinks
are used, these are still connected to
chassis by their fixing bolts, so that the
transistors must still be properly insu-

lated.

therma resstance | = 100 mm = 1.5
tharmal resistance | = 50 mm =225°C/W

om

k

thermel resistance | = 100 mm = 1.6°C/W
thermal resistance | = 50 mm = 2.3"C/W
skos

|
l

’

The optimum cooling effect is obtained
when the sink(s) is (are) mounted with
their fins vertical, since this takes advan-
tage of the ‘chimney effect’. Mounting
the sinks inside the amplifier cabinet
is generally not to be recommended,
since the conditions of ‘free radiation’
and “free convection’ on which the sink
design is based are then much more
difficult to achieve, If this approach is
unavoidable the cabinet should be pro-
vided with ample-sized grilles above and
below the ‘chimneys’. The cabinet must
then also be mounted on feet.

Regarding the mounting of the power
transistors themselves (see figure 3c) the
following should be observed:

— smear heat-conductive silicon grease
on both sides of the mica insulators;
this will ensure an acceptable thermal
contact;

— slip pieces (about 1 cm) of insulating
sleeving over the base and emitter
pins to prevent short-circuits;

— use trustworthy soldering tags for
the collector leads.

It should go without saying that one

should test the insulation between the

mounted device and its heat sink, with
an ohmmeter, before attempting to
apply power.

Power supply
The Equin is designed to operate cor-
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rectly from a simple unregulated power
supply circuit, see figure 2. The mains
transformer required can be selected
on the basis of table 2. The reservoir
capacitors C12 and C13 should have
sufficiently high working voltage and
ripple-current ratings; components that
meet these requirements will invariably
also have adequate capacitance. A total
of 3000 . . . 4000 uF will be in order.
The rectifier diodes must be rated to
withstand the switch-on surge current
(that often dims the room lights!), the
periodic charging surges (the entire
charge is delivered to the reservoir
during the peaks of the AC waveform)
and the average current (equal to the
DC drain). The DC drain (minimum
value for nominal output power!) is
given in table 2.

The mains transformer may be a type
with centre-tapped secondary, as shown,
or one may use an untapped type in
combination with a bridge rectifier.

The ‘plus’ feed to each amplifier should
be provided with a 6.3 Ampére fast-
blow fuse (Z2 and Z3 in figure 2). The
fuse Z1 in series with the transformer
primary should clearly be a slow-blow
type. The use of panel-mounting fuse-
holders is recommended.

Wiring

In a stereo amplifier each p.c. board
must have its own supply lines. The
same applies to the loudspeaker return
lines, see figure 2. All these lines must
be kept short and well away from the
input wiring,

Note also that the chassis is connected
to the supply-common junction point
via the amplifier p.c. boards. Do not
attempt to arrange this any other way.
If the power amplifier and the pre-
amplifier are in the same cabinet, the
preamp will provide this connection.
If the preamplifier is fitted in a separate
housing the connection is made by
linking the leads from point 2 on each
power amplifier board at the chassis-
mounted input connector.

The use of DIN-type loudspeaker con-

Photo A. Quiescent current too low. Upper
trace: signal at T5 base (figure 1). Lower
trace: output signal. The feedback cannot
completely eliminate the crossover distortion.
(Test signal: 5 kHz sine wave.)

Photo B. Quiescent current set correctly.

3e: A possible final result: two power ampli-
fiers plus supply in a ‘tuck-away’ case. Note
that the wiring uses cable-clips and that the
small heatssink for the rectifier diodes must
be mounted on insulators, since the screw-
studs of these devices form the cathode
contact (in this case).

nectors is definitely not recommended.
The miniaturised plug is very difficult
to fit without risking a short circuit,
whilst the combination of plug and
socket often shows a rather high contact
resistance. The best results are the
easiest to obtain — use a solidly con-
structed banana plug and socket!

Preamplifier supply

Figure 6 shows how a preamplifier used
with the Equin can be supplied with DC
from the same rectifier circuit. The
figure is drawn on the assumption that
the Preco described elsewhere in this
issue is to be used for the purpose.

The PNP transistor (any S-watt type,
fitted with a cooling fin) operates as a
current-source. One advantage of this
arrangement is that it starts up relatively
slowly, reducing possible switch-on
surges. When the power is turned on
the voltage across the electrolytic (Cp in
figure 6) builds up until the zenerdiode
starts to conduct, providing a simple
stabilisation. The LED in series with the
zener is included as a convenient and
reliable ‘power on’ indicator. Be sure
to connect the LED in the forward

direction, otherwise the voltage on Cp
will be too high. If the LED is not to be
included, for any reason, then the zener
voltage should be taken about 2 volts
higher.

If a different preamplifier is to be used
it may be necessary to change the zener
voltage, the current source value, or
both. The source current is given ap-
proximately by:

700

Ra

(in milliamps when Ry is in ohms).

It should be set at about double the
expected preamplifier demand; a current
in the LED of 10...30 mA is accept-
able.

The 470 uF electrolytic (Cp) and the
LED should be connected to supply
common at the same point as the pre-
amplifier output circuit (.. the linked
points 2 of the power amplifier boards,
or in the one-cabinet assembly alterna-
tive, at the preamplifier board).

I

Setting the quiescent current

It was made clear in part 1 how import-
ant the optimal setting of output stage
quiescent (standing) current is for the
‘crossover’. Three methods for achieving
this setting will now be given.

Before any attempt is made to apply
power to the circuit make sure that the
slider of preset P1 is turned fully anti-
clockwise. If one forgets to do this there
is a distinct possibility that the tran-
sistors in the output stage will get very
hot very quickly!

The best way to find the optimum
setting requires use of a sinewave
generator and an oscilloscope. The
amplifier is loaded by a resistor of
4...8 ohms (not critical) and driven
with a 1 kHz sine to deliver about 1 watt
into the load. The ‘scope’ is connected
to view the waveform at the base of T5
(or T8). The quiescent current preset is
now slowly advanced until the steep
edges near the zero-crossing disappear
from the trace. A check at higher fre-
quencies and/or amplitudes may show
a reappearance of these edges, in which

1
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case P1 can be advanced a little further
until they once again disappear. (See
photos A and B).

The idea behind this method is that the
drive voltage to the output stage in an
amplifier with feedback will be distorted
much more severely than the output
waveform, by any non-linearities in the
output stage. In the case of ‘crossover’
distortion, due to insufficient quiescent
current, the output stage has a ‘dead
zone’ centred on the zero-crossing. The

failure of the negative feedback in this
zone will cause the earlier stages to
deliver a very much higher drive voltage
than normal, in an attempt to ‘bridge
the gap’. This alignment procedure will
work well with almost any amplifier.

The second method can be used by
those whose only measuring equipment
is a good universal meter with a 250 or
300 millivolts DC range. The preset P1
is turned slowly clockwise until the
voltage between points 6 (plus) and

Figure 4. The p.c. board layout for the Equin
poweramp (one channel) (EPS 9401).

Figure 5. Component layout for the Equin
poweramp p.c. board. The leads of resistor
R10 may have to be sent slightly under the
body.

Figure 6. A circuit arrangement for d
an isolated supply for the control amplifier,
from the main Equin rectifier circuit.




8 (minus) on the p.c. board reaches
35mV. The quiescent current

about 50 mA. This value is

rather higher than the optimum — but it
is better to err on the safe side, when
one cannot ‘see’ what one is doing,
rather than to risk (audible) crossover
distortion by setting the quiescent
current too low.

A variant on the second procedure is to
measure the total supply current of the
undriven amplifier, setting this to 60 mA

elektor may 1976 — 533

Parts list for figures 1 and 4.

Resistors:

k9

k3
5%) = 2k2
5 £2(10 §2 with 60-volt

R19a,R19b,R19c,
R23a,R23b,R23c,

i §2 (1 watt carbon or
metal film)
Q

Cc5
cé

C8,
10

=10p
33p
€9,C11 =100 n
200 4/50 . . . 63 V)

*) see text

Semiconductors*)*)

T
T2

T3

T4
TS

T8

T6

T9

T

D2,04,05

52
i)

BC557b, BC177b or equ.
= BC546b, 40361,
(BC547b, BC107b or equ.)
= BC556a, 40362, (BC557a or b,
BC177a,b or equ.)
=BC547b, BC107b
= BC546a, 40361, (BC547a or b,
BC107a,b or equ.)
= BC556a, 40362, (BC557a or b,
BC177a,b or equ.)
= BD140, 40410, 40595
(BD138, BC161-16
= BD139, 40409, 40594,
(BD137, BC141-16)
T10 = 2N3055, BD183, BDY20,
BD130, BD182
= 1N4148 but substitute LED
with 60 volt/4 Q set-up
N4148

see text for use of equivalent types
bracketed types only usable on
45 volt supply

Miscellaneous:

preset, 2k2 or 2k5
2...4 uH (wound on R28)
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Photo C. This is what happens when the quiescent current is set
t00 low! The upper trace (200 mV/div. vertical and 200 us/div.
horizontal) shows the complete 1kHz output signal. The lower
trace (10 mV/div.) shows the distortion components, after sup-
pression of the fundamental. It is just possible to see the ‘crossover’
irregularity in the upper trace. Comparison of the peak values of
the two traces indicates about 1.6% distortion — distinctly audible!
A normal ‘distortion meter’ will however read the RMS value of the
spiky waveform, to give a much lower ‘percentage’.

A plot of the spectrum of the distortion spikes, that occur at the

‘sinewave’ generator — 0.05.. . .

twentioth at levels barely Iowﬁr than those of the third of fourth.
When the quiescent current in the output stages has been correctly
set for class B operation, the spikes disappear entirely. The dlstnmun
waveform is then mainly second harmon th the
instruments it was not possible to determine accurately Emi
of the distortion was already present in the input signal from the
0.1% at an estimate.

armonics up to the

10 mV/div 200mV /div

lable

alia

200us/div

by means of PlI. In this case the univer-
sal meter is set to read 100 mA fsd DC,
then connected with correct polarity
across the fuseholder for Z2 (or Z3).
Turn the power on with fuses inserted,
then remove a fuse to read the total
current in the positive supply rail.
Always start with P1 fully anticlock-
wise!

Class AB

Some people object on principle to
class B operation, on the grounds that
there will always be audible ‘crossover’.
These doubting Thomas’s can carry out
the following test. After ensuring that
the output transistors have adequate
heat sinks, turn P1 up until the standing
current is 400...500 mA. (It may be
necessary to reduce R13 somewhat in
value.) The amplifier is now set to
operate in class A, with an 8 ohm load,
up to about 1 watt output; at higher
drive levels it operates in AB. This
displaces the crossover effects (which
inci can be made i
small by proper class B adjustment) to
a higher level on the transfer curve,
where they are thought by some to be
potentially less troublesome. The test
consists in setting one amplifier in
class B and the other in class AB,
paralleling the inputs, then arranging
to switch the loudspeaker from one
output to the other. (If ever there was
an AB test, this is it . . .). The cleaner-
sounding amplifier (if there is any
audible difference) is the one to dupli-
cate. Let somebody else label the switch
— so that you don’t know in advance
which unit is B and which AB! That
should settle the ‘class war’ . . .

The arbitrary selection of 1 watt as the
power level for coming out of class A
operation is based on the behaviour of
typical music signals. Their crest factor
is invariably such that an amplifier
being fully driven in the signal peaks
(and that is loud) will be delivering an
average power of around one, maybe
two watts. (See the article ‘What’s
watt? *, Elektor 12, p. 455.)

Headphone feed
Due to the great variation in impedance
and sensitivity between the available
types of headphones, it is only possible
to give indications here as to how the
feed should be taken from the power
output.
As a general rule, one may connect
units (e.g.
HD 414 or HD424) directly to the
loudspeaker sockets. Low-impedance
‘cans’ are best connected via a resistive
voltage divider (see figure 1) to the
power output. The alternative arrange-
ment, using a series resistor only, is not
recommended; the very high driving
impedance will tend to adversely affect
the bass reproduction. With 8-ohm
headphones a value of 22...39 ohm
(% watt) will be suitable for R25b. The
series resistor R25a is then chosen so
high that the noise voltage at the ampli-
fier output is sufficiently attenuated
— but not so high that the gain control
has to be turned up further than is nor-
mal for use with loudspeakers. R25a can
be taken at 100 . .. 150 ohm (1 watt) as
a starting point for experiment.
If the voltage divider is to be wired
permanently into the circuit the bleeder-
resistor R25 may be omitted.

Final remarks

The input impedance of the Equin is
fairly high (about 40kQ). It is
nonetheless recommended that the pre-
amplifier used should have an output
impedance lower than 5 k2. The reason
is that the source impedance ‘seen’ by
the power amplifier is effectively in
series with resistor R4. Together with
C4, this resistor forms a low-pass net-
work that sets the ‘open loop’ rolloff
frequency of the amplifier (see part 1).
The output impedance of the Preco
depends somewhat on the position of
the left-right ‘balance’ control — but is
always below 1 kQ.

This low impedance has the advantage
that a long run of screened cable is
permissible between the power amplifier

and the (remote) control amplifier.
The resistor-damped series inductor (L1,
R28) at the amplifier output is included
to improve the ‘impulse-response’ (i.e.
the performance with ‘spiky’ music
signals or squarewaves) when the load
is essentially capacitive, as for example
when the amplifier is used with an
electrostatic loudspeaker.

this precaution is not required,
a jumper wire may be connected instead
of L1/R28 on the p.c. board.
One way of obtaining the required value
for L1 is to wind 40 turns of 0.6 diam-
eter enamelled copper wire (23 S.W.G.),
in two layers, over R28 (see figure 3).
A few drops of plastic glue will be
helpful here. Be sure that the coil ends
are carefully cleaned of enamel.
If thicker wire is to be used (because it
happens to be on hand), a greater
number of layers will be required. For
example, wire of ¢ 1 mm (19 S.W.G.)
will require 36 turns in three layers.
This can be done using a round pencil
(about 7 mm diameter) as a former.
When the coil is complete it can be
slipped off the pencil and over the
resistor. The carefully cleaned ends can
then be soldered onto the suitably-bent
end-leads of R28. L]
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A circuit is only as good as its
power supply. Even the best
designed circuits can be upset by
supply ripple, poor regulation,
mains transients and power supply
instability. IC voltage regulators
have taken much of the donkey
work out of power supply design
for many applications, but the
problems do not always end there.

Power supply circuits are usually de-
signed almost as an afterthought. The
circuit requiring power has probably
been developed on the bench using the
ubiquitous lab power supply. In general,
a power supply for an electronic circuit
should approximate an ideal voltage
generator as well as possible. This means
that the output voltage should remain
constant over the normal output current
operating range; in other words, the
supply should have zero output im-
pedance.

The supply voltage should not only
remain constant under static conditions,
but should also still remain constant
when dynamic changes of current are
occurring. As mentioned in the intro-
duction, IC voltage regulators make it
easy to achieve these objectives at the
output terminals of the supply, but at
points in the circuit remote from the
supply the situation may be very differ-
ent.

Depending on the type of circuit, the
inductance of supply wiring and p.c.
board tracks, though small, may have
a dramatic effect. The worst offenders
in this respect are probably TTL logic
circuits. When the output state of a
TTL gate changes this results in a
change in the current drawn by the
circuit of around 2 mA. A static
current difference of 2 mA would
probably result in a supply voltage
variation of a few microvolts. The
dynamic situation can be very different,

however.

The fall (or rise) time of a TTL gate
from logic 1 to logicO level is of
the order of 10 nanoseconds. The rate

of change of current — is therefore

dt
2 mA in 10ns or 200,000 amps/sec. The
voltage V across an inductor L equals

LSL: , 50 a wiring inductance of the order

of 1 uH between the supply and the
point where the current change oc-
curred would result in a voltage drop cf
200 mV.

This is, of course, a gross oversimplifi-
cation, but it does demonstrate the sort
of voltage transients that can occur on
supply lines in TTL circuits. When such
transients are of sufficient magnitude
they can cause gates to change state and
can cause spurious triggering of flip-
flops, counters and monostables.

The problem can be attacked in several
ways. The simplest approach is to pro-
vide local decoupling of the supply at
various points in the circuit by means of
small capacitors, typically 10 to 100n.
These should preferably be ceramic
types which have low self- inductance
(figure 1a). Nine times out of ten this
will effect a cure, but in some cases the
cure can be worse than the disease, for
it is possible that the capacitor will form
a resonant circuit with the inductance
of the supply lines. When this is excited
by the switching transients of the TTL
the problem can be magnified rather
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than reduced.

The solution here is to damp the res-
onant circuit by including a resistor in
series with each capacitor. 1 £ carbon
composition resistors should be used
for this purpose (film types often have
a high self-inductance). This is shown in
figure 1b. An alternative to this is to use
electrolytic capacitors of say 10 11/6.3 V.
Modern electrolytics have fairly low
self-inductance, but the internal resist-
ance is often sufficiently high to pro-
vided adequate damping.

Figure 2a shows the use of RC combi-
nations to decouple several IC’s fed
from the same supply rail. Rather than
using a single supply rail running from
one IC to another a better solution,
whenever possible, is to run separate
supply rails from the power supply to
each IC or group of two or three IC’s.
In this way interaction between the
various IC’s is reduced, since the self-
inductance of each supply line actually
helps to isolate the IC’s from one
another (figure 2b).

Another useful tactic is to make the
supply lines fairly thin, as this increases
their resistance and thus reduces the Q
of the self-inductance. While on the
subject of separate supply lines it is
worth considering ‘on-card stabilising’.
In complex TTL systems, where there
are several p.c. boards, a separate IC
voltage regulator is often used on each
board. This has several advantages:

. Interaction between boards is vir-
tually eliminated.

Heat dissipation is spread over several
IC regulators rather than being con-
centrated in one central power
supply, so cooling problems are re-
duced.

Each board can be fed from a re-
motely located unregulated supply
without worrying about voltage drops
along the supply lines (provided the
voltage reaching the boards is suf-
ficient for the regulators to operate).

[T

w

Diode decoupling

Of course, not every circuit will be used
with a stabilised supply, there are cases
where it is simply not necessary or is
uneconomic. In such cases the simple
transformer, bridge rectifier and
smoothing capacitor is generally used
(figure 3). Off load this gives a reason-
ably constant d.c. voltage, but as the
load current increases the supply will
exhibit an increasing ripple voltage (see
figure 5).

Some times a circuit requiring a ripple-
free supply at a relatively low current,
must be operated from the same
unstabilised supply as a circuit requiring
a higher current, A typical example of
this is an audio amplifier where the
preamp is fed from the same supply as
the power amplifier. Generally, the
power amplifier can tolerate higher
ripple voltages than the preamp.
Clearly some way must be found of
isolating the preamp from the ripple
voltage caused by the power amplifier.
This can be achieved by RC filtering, as
in figure 3. The high current supply is

Figure 1a. The connecting wires between the
stabilised supply (on the right) have a certain
self-inductance. Rapid changes in load current
can cause voltage drops across these induct-
ances. A decoupling capacitor may help
suppress this.
b. Under certain conditions the decoupling
capacitor and lead inductances may form a
resonant circuit, aggravating the problem.
This can be damped by a low-value carbon
composition resistor in series with the capaci-
tor.

Figure 2a. Ina large circuit or system, decoup-
ling should be employed every one or two IC
packages. However, stringing the supply along
from one IC to the next is not the best way
to eliminate coupling along the supply lines.
b. Here each IC or small group of IC's has its
own supply lines. The self-inductance of the
supply lines now actually inhibits coupling
back from one IC to another.

taken from point 1, and a filtered, low
current supply is taken from point 2.
Clearly, the larger the values of R1 and
C2, the more ripple-free will be the
supply. However, Rl cannot be too
large, otherwise increases in the load
current I, may cause the voltage at
point 2 to drop below an acceptable
value. On the other hand RI cannot
be too small as increases in the load
current I; may cause current to be
‘robbed’ from C2, should the voltage
on C1 fall below that on C2.

These problems may be solved by using
the circuit of figure 4. C2 will charge up
to a voltage equal to the peak voltage on
C1 minus the diode voltage drop. C2
will discharge at a rate determined by
the time constant C2/R[, regardless of
what happens to the voltage on CI.
Even if C1 were discharged by a mo-
mentary short circuit the voltage on C2
would be unaffected. The ripple level
on C2 remains constant (for constant
1,), whatever the ripple on C1, as shown
in figure

RF Decoupling

It is essential in RF circuits that none of
the RF signal appears on the supply lines.
Not only does the possibility of
unwanted radiation from the supply
lines exist, there is also the chance of
RF bring coupled back into other parts
of the circuit. This can lead to instability
in the case of positive feedback, or loss
of gain in the case of negative feedback.
Wherever possible, RF circuits should be
split up into units handling a single fre-
quency or band of frequencies. Thus,
for example, a double conversion re-
ceiver might be split up into front-end,
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Figure 3. Where a ripple free supply is taken

3 from a non-ipple free supply it may be

smoothed by an RC filter.

Figure 4. Substitution of a diode for R1

a great improvement. Once C2 has charged i
is completely isolated from C1 and the ripple
depends solely on the current drawn by Ry..
Figure 5. Ripple voltage on C1 for increasing
load current ;.

Figure 6. The ripple voltage on C2 remains
constant (for constant |;) whatever the
ripple voltage on C1.

a Figure 7. Three methods of supply decoupling
in RF circuits. a. Narrowband filter. b. Wide
stopband filter. c. Combination of parallel and

resonant circuits for VHF use.
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first i.f. amplifier, mixer, BFO, second
if. amplifier, and af.

RF. signals down to ground is also
The combination of

stages. Each of the stages Bl e
its supply conncction via a parallel
resonant circuit tuned to the centre

amplifier). This will act as a wavetrap
to prevent RF getting back onto the
supply lines (figure 7a).

Where the circuit handles a wide range
of frequencies it may be necessary to
use a filter with a wider stopband by
connecting two or more resonant cir-
cuits (of different frequencies) in series,
as in figure 7b.

At very high frequencies the use of a
series resonant circuit to shunt unwanted

parallel resonant and series resonant cir-
cuits is shown in figure 7c. For circuits
working in the hundreds of megahertz
the required inductance for the series
circuit can be obtained simply by
trimming the capacitor leads to an
appropriate length. Ol
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digiaplay

This logic tester displays the
states of sixteen binary signals
(either ‘0’ or ‘1) simultaneously,
in the convenient form of a

4 x 4 matrix on an oscilloscope
screen. The facility for automatic
Karnaugh mapping is of particular
interest, although some other uses
of the tester are described.
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The ways of testing binary logic signals
are many and various with the involved
test equipment being more o less com-
plicated. This article describes a circuit,
dubbed the ‘Digisplay’, which tests the
states of sixteen binary signals and dis-
plays the results on an oscilloscope
screen in the particularly convenient
form of a four-by-four matrix of ‘0’ and
*1” characters. The Digisplay, which uses
conventional TTL throughout, may be
used in a variety of ways, vi
(1) to test integrated circuits;
(2) to display logic states in the form
Karnaugh maps;
(3) as a programmed 16-bit pulse gener-
ator

.
An internal clock pulse generator of
fixed frequency is used in the circuit,
but a facility is provided for connecting
an external clock should a variable fre-
quency be required.

The circuits which generate the charac-
ters ‘0’ and ‘1’ and place them in matrix
form on the screen are described first
and then the various uses of the
Digisplay are explained.

Block Diagram

The Digisplay is shown in block diagram
form in figure 1. In order to obtain a
display on the screen of ‘0’ and ‘I’
characters arranged in a matrix, the cir-
cuit performs two main functions. The
first is to produce horizontal and verti-
cal scanning information at the oscillo-
scope terminals to enable a 0’ or a ‘1’
to be written on the screen; the second

is to superimpose on these signals
further scanning information to position
the character within the matrix square
required. The ‘0’ character is written as
a circle of eight dots and the ‘1’ is
derived from the ‘0’ by supressing the
horizontal scanning signal.

The character generating signals are
derived from clock pulses which are fed
into a divide-by-eight counter. The three
outputs, L, M and N are re-encoded into
the signals E, F, G and H of which E
and F are fed to a digital-to-analogue
(D/A) converter whose output supplies
the vertical scanning signal to the
oscilloscope, and G and H are fed to a
second D/A converter which supplies
the horizontal scanning signals. It can
therefore be seen that each state of the
divide-by-eight counter corresponds to
one of the eight dots in the character.
(The details of the signal coding are
given later.)

The matrix generating signals are de-
rived from a divide-by-sixteen counter
which is driven by the N output from
the divide-by-eight counter. Thus each
state of this divide-by-sixteen counter
corresponds to one of the squares in the
matrix. The four outputs from the
counter, W, X, Y and Z, are also fed to
the two D/A converters as shown, where
they are superimposed on the voltages
obtained from E, F and G, H such that
each character is positioned in its correct
square in the matrix.

The outputs W, X, Y and Z are also used
to produce the test signals A, B, C and

D. These signals, which are used to drive
the circuit under test, are coded in such
a way that Karnaugh maps may be re-
alised on the display, (see ‘Karnaugh
Mapping’). For each state of the drive
signals ABCD the multiplexor produces
the result S (the inverse of the selected
input signal S) which is used to inhibit
the horizontal scanning signal whenever
a ‘1’ needs to be displayed.

Each part of the Digisplay circuit is
now described in detail.

Tracing the Characters

Figure 2 shows the path along which the
tracing beam steps in order to produce
the characters. In each dot position
(numbered 0-7) the tracing beam
pauses for the duration of one clock
pulse. The figure also shows how the ‘1”
is derived from the ‘0 with the horizon-
tal movement inhibited. (It is true that
this will cause the ‘I’ to be slightly
brighter than the ‘0’, but in practice this
is barely perceptible and can be ignored.)
The apparent misalignment of the two
characters within a square is corrected
as described later. Each character is
traced out more than a hundred times
each second, so that a ‘0’ appears as a
circular arrangement of eight dots and
a ‘1’ as a vertical line of four dots. The
horizontal and vertical co-ordinates of
the eight positions, which correspond to
the scanning information which must be
supplied by the two D/A converters, are
given in the tables of figure 2.

The circuit which controls the movement
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of the tracing beam is shown in figure 3
and operates as follows: a simple multi-
vibrator comprising two NAND gates,
generating a signal of approximately
20 kHz, feeds clock pulses into a
divide-by—eight counter consisting of
three flipflops in an IC7493 (the
fourth flip-flop is left unused). The
counter outputs L, M and N are used as
inputs to a re-encoding circuit as pre-
viously described. The re-encoding
which takes place is shown in the table
of figure 4 and corresponds to the
l’ollowmg equations:

E=

F LMN+ IMN + LMN + LMN

where S is the multiplexor output. The
reencoding circuit shown in figure 5
consists of ICs 7400, 7410 and 7420.
The two remaining NAND gates in the
IC 7400 are used in the clock pulse
generator (see figure 3). The S signal
inhibits G_and H in order to tracea ‘1’,
ie.when Sis ‘0",

Plotting the Matrix

The path the tracing beam takes
through the matrix while drawing
sixteen characters is shown in figure 6.
The path is achieved by adding horizon-
tal and vertical staircase voltages to the
character scanning signals. Figure 7
shows the circuit, which consists of a
divide-by-sixteen counter IC 7493
whose outputs W and X are input to

two gates in an IC 7486 and outputs

Figure 1. Block Diagram. Clock pulses are re-
encoded to drive logic circuit under test and
to produce characters ‘0’ and ‘1’ on the screen.
Circuit results are decoded to select either ‘0"
or ‘1.

Figure 2. Path followed on oscilloscope
screen by character tracing beam. Tables
show horizontal and vertical scanning co-
ordinates.

Y and Z are input to two gates in an
IC 7404. The outputs from these gates
are used respectively to produce the
horizontal scan after each character and
the vertical scan after each row of four
characters.

Some types of oscilloscope show a
deflection to the left for a positive volt-
age at the horizontal input terminal,
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which would present a mirror-image
matrix. This may be corrected in the
Digisplay simply by strapping the in-
put I of the two EXOR gates to earth,
as shown.

Digital-to-Analogue Conversion
The D/A converters used in the
Digisplay are of the simple resistor type
as high accuracy is not required. The
two circuits are shown in figure 8. The
currents through the resistors are added
algebraically so that a potential differ-
ence appears across the summing re-
sistors Rhor and Ryert. These voltages
are applied directly to the horizontal
and vertical scanning input terminals
of the oscilloscope, as shown.

Resistor Rg is present to add a small
voltage to the horizontal scan whenever
S is ‘1’ i.e. whenever a ‘0’ is required on
the screen. This displaces the written
‘0’ so that it is aligned with the ‘1’ (see
figure 9).

Input/Output Correlation

The circuit which correlates each of the
Digisplay inputs (E0-E15) with one
square of the matrix, is shown in
figure 10. The WXYZ signals which
control the plotting of the matrix, also
drive_the multiplexor IC 74150 so that
the S signal is in synchronism with the
matrix position. The multiplexor also
has an over-riding serial strobe input.

Karnaugh Mapping

The signals ABCD which are used to
drive the circuit under test are coded to
enable Karnaugh maps to be displayed.
The layout of a Karnaugh map for in-
puts A, B, C and D is given in figure 11.
1t can be seen that two adjacent matrix
squares (vertically as well as horizon-
tally) never differ by more than one
element. The conversion used in the
play is given in the table of
figure 12, where the circuit which per-
forms the conversion is also shown.

The Complete Circuit
The complete circuit diagram is given
in figure 13. The internal (N1, N2), or

internal clock
pulse generator

93763
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Figure 3. Two NAND gates in tandem,
forming multivibrator clock pulse generator
driving character tracing circuits.

Figure 4. Table of bi signals from re-
encoder to trace either ‘0’ or ‘1",

Figure 5. Re-encoder circuit producing
signals as shown in table of figure 4.

Figure 6. Path taken by beam to plot matrix.
Figure 7. Matrix-plotting circuit, also showing
image inversion.

sisting of resistor networks.

Figure 9. Character alignment.

Figure 10. Multiplexor IC 74150 circuit
diagram and pin connections.

27400

127420

93765
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93766
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Figure 8. Digital-to-analogue converters con-
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sa16-7
the external, clock pulse generator | to drive the multiplexor, so that | Digisplay ground; connect the Digisplay

drives the counters via the INT/EXT
switch and the diode clippers. The
divide-by-eight counter consisting of
three of the four flip-flops of IC6
supplies the pulses L, M and N which
are re-encoded as previously described
by N3-N9 and N14-N16 to drive the
two D/A converters supplying the hori-
zontal and vertical character tracing
voltages.

Signal S is input to N3 and N4 to deter-
mine whether a ‘0’ is drawn or the ‘1’
derived from it. It also supplies the small
additional voltage required to align the
‘0’ with a “1°.

The divide-by-sixteen counter IC7 is
driven by the N pulse from IC6, and it
supplies pulses W and X for the horizon-
tal matrix plotting and pulses Y and Z
for the vertical, via N10, N11 and N17,
N18 respectively. N10 and N11 are also
used to correct image inversion where
necessary.

After D/A conversion as described the
matrix plotting staircase voltages are
added to the character generating volt-
ages with the resulting voltages appearing
across Rhor and Ryert.

The signals W, X, Y and Z are also used

synchronism is achieved between the
test signals A, B, C and D and the inputs
to the Digisplay. The EXOR gates N12
and N13 perform the conversion of
WXYZ into thé sequence ABCD required
for Karnaugh mapping.

The Digisplay requires only a single
5 volt power supply.

Applications
The Digisplay may be used to test ICs

by making the following simple connec-
tions: connect the IC ground to the

horizontal and vertical outputs to the
corresponding terminals of the oscillo-
scope; connect the sixteen multiplexor
inputs of the Digisplay to the corre-
sponding IC pins (for which ‘testclips’
would be convenient). The internal
clock of the Digisplay is used. No special
precautions are necesarry, although it
must be remembered that these connec-
tions will augment fan-outs by one, but
this should not present problems in
most cases.

The matrix on the screen will now dis-
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play the state of each pin of the IC as
either a ‘0’ or a ‘I’. Read the matrix
from left to right, top to bottom for
pins 1 to 16 respectively. Open-circuit
inputs and broken connections will
show as logic ‘s, as is usual for TTL
circuitry.

Figure 14 shows an example of an
IC 7442 binarycoded-decimal to deci-
mal decoder with binary five (0101)
applied to its inputs, and the resulting
display.

The Digisplay may be used for auto-
matic Karnaugh mapping because of the
way test signals ABCD are coded.
Karnaugh maps are particular forms of
truth tables, arranged in a standard way

to permit easy verification of logic
operations and rapid diagnosis of faults.
The layout of a Karnaugh map for logic
operations involving four variables has
already been given in figure 11. In such
a map the variables refer to squares
within the matrix such that two adjacent
rows or columns never differ by more
than the inversion of one of the vari-
ables. The top and bottom rows are
considered to be adjacent, likewise the
extreme left and right columns. By
convention, the states of the variables
are written round the outside of the
matrix, and the logical result of each
state of the variables is written as ‘1"
or ‘0’ (as appropriate) in the relevant
square. If two adjacent squares (either
vertically or horizontally) show the
result ‘1’ this indicates that the vari-
able and its inverse labelling those two
adjacent squares is redundant. This is
best illustrated with an example. Figure
15 gives a Karnaugh map for the ‘g’
output of an IC 7447 binary-coded-
decimal to 7-segment decoder, with
inputs ABCD from the Digisplay. With
reference to the circuit diagram, the ‘g’
output is derived in the following
manner: two AND gates have their
inverted and ANDed to give

outputs

at the input of the final gate. Using De
Morgan’s theorem the above may be
rewritten

ABC + BCD
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digisplay

Figure 11. Layout of a four-variable Karnaugh
map, which could be used as transparency
overlay on screen.

Figure 12. Binary pulse sequence W, X, Y, Z
is converted to A, B, C, D required for
Karnaugh mapping.

Figure 13. Complete circuit diagram.

Figure 14. Example display obtained of four
inputs and ten outputs of IC 7442 BCD-
decimal decoder with binary 5(0101) applied
at input.

Figure 15. Karnaugh map for ‘g’ output of

1C7447 BCD to 7-segment decoder obtained

on oscilloscope screen by means of the
I

The inversion by the final gate gives
the output ‘g’ of

BEC EBCD v 3)

Now consider the Karnaugh map. The
top row has two adjacent ‘s which
pinpoint the variable A as redundant
for this term, i.e.
CDAB + CDAB=CDB .... (4)

The other two adjacent ‘I’s pinpoint D
as redundant, ie.

ABCD + ABCD = ABC .... (5)

Comparison between (3), (4) and (5)
indicates that the map gives a true
picture of the output ‘g’.

Another use of the Digisplay is as a
programmed pulse gencrator. This is
achieved by means of the multiplexor.
If, at this point, a variable frequency is
required, an external clock pulse gener-
ator can be connected. Every bit within
one full pass of the multiplexor can be
defined as a unique combination of the
variables W, X, Y and Z. The complete
set of the functions is shown in
figure 12, and each function may be
correlated with one of the multiplexor
inputs EO-E1S. For this application the
S output of the multiplexor has been
inverted by T1 so that the true state of
the input is available at S. By con-
necting relevant multiplexor inputs
cither to ground or Ve, the desired
combination of sixteen pulses will be
available at S. This may be verified by
connecting the Digisplay to an oscillo-
scope in the usual way. [}
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part 3

This article gives circuits for
producing synchronous sound
effects that can be added to the
original TV tennis game. Some
variants of the basic game are also
described.

The fun of playing the game cannot be
complete without the excitement of the
sound of the smash and bounce. The
additional circuits here will produce a
variety of sounds that not only create
an atmosphere of ‘presence’ but also
gives unmistakable indication when a
mark is scored.

For this purpose, five different sounds
are provided; the pitch and decay time
of each of them can be varied according
to personal taste.

Circuit Description

The circuit diagram of figure 11 shows
the smash and bounce sound generators.
Four generators use COS-MOS NAND
gates. The fifth (T17 and TI8) is a
multivibrator; it is unique in that it is
not connected to the power supply!
When flipflop FF3 (see figure 8 of
part 1) indicates a mark scored by
applying a positive step to the circuit of
figure 11, it sets off a short and gradu-
ally decaying oscillation. The duration
of the oscillation depends on the value
chosen for C66.

The active elements of the other signal
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generators are COS/MOS NAND gates,

four of which are housed in one IC4011.

The feedback controls (P15 . . . P18) are

set so that each circuit is just on the

verge of oscillation.

The sound effect will then be a damped
i i illation with a

determined by the time constants of
the twin-T feedback network. The dur-
ation is determined by the value of the
coupling capacitors (C53, C57, C61,
€65).

Different sound effects are produced for
the ball being struck by the right or left
player’s bat, or bouncing against the top
or bottom boundary. A bat hitting the
ball is accompanied by a sharp click; a
bounce at the top or bottom of the field
is more like a thud.

‘Out’ balls will retain their vertical
motion and, therefore, continue to hit
the upper and lower boundaries. This
would cause a regular bouncing sound
effect. This sound is suppressed by
ANDing the Q and Q outputs of FF1
with the Q output of FF3. When the
ball is ‘out’ the Q output of FF3 is at
Jogic ‘0”, blocking the AND gates.

The component values shown in the
diagram are to be taken as an example;
the sounds can be adapted according to
taste by altering the capacitor values.
The various signals are summed and
applied to an amplifier.

Football

An obvious extension of the possibilities
discussed in part 1 is a simple football
game. A field with centre line is already
available. All that is required is the ad-
dition of goal posts.

These posts can be simulated in two
ways, either by erecting them inside the
field, or by adding a ‘window’ at the
centre of both vertical boundaries. In
the latter case the goal line coincides
with the boundary, like in real soccer.
Figure 12 shows the required modifi-
cations to the vertical boundaries circuit
(IC16): one more mono-stable (IC21)
with a trigger delay circuit is sufficient.
The position and width of the goals are
set by P19 and P20 respectively. The
signals that determine the vertical
boundaries and the goals (Q of I1C21)
are applied to the video modulator via

an AND gate and a diode.

The ball must now rebound from the
remaining field boundaries only and not
from the goals. To achieve this, the
Qoutput of FF2 is connected to its
Dinput. This flipflop, which deter-
mines the horizontal direction of the
ball movement will now change state
at every clock pulse.

The most convenient way to acquire the
clock pulse for FF2 is to AND the ball
signal and the vertical boundary signal,
The combined signal could be applied to
the clock input of FF2. The flip-flop
will then receive clock pulses at line fre-
quency during the period that the ball
coincides with the white part of a verti-
cal boundary. If the ball goes into the
goal, no clock pulses will arrive at the
flipflop. The direction of the horizon-
tal ball movement will remain un-
changed, causing the ball to leave the
picture. Goal!

There is, however, one drawback to this
method: if the ball has not bounced
back out of the white field boundary
before the next clock pulse arrives, the
direction of the ball movement will
change again causing the ball to reverse
indefinitely and fail to re-enter the
field.

An additional flip-flop (FF4) is used to
prevent this. Its D input is connected to
the vertical boundary signal; the clock
input is connected to the ball signal.
The logic state at the Q output of this
flip-flop can only change when the flip-
flop is ‘clocked’ by the ball signal. The
Q output then assumes the logic state at
the Dinput — determined by the
boundary signal. The Q output will not
change as long as the ball and boundary
signals coincide — irrespective of the

Figure 11. Five separate sound effect gener-
ators are used. Four of these simulate the
impact when the ball strikes the bats and the
upper and lower boundaries; the fifth sound
indicates a mark scored.

number of clock pulses. This means that
the Q output will change state once
when the ball hits the boundary. This
signal can be used to clock FF2.

Adding FF4 is a major improvement,
but it is not yet sufficient to guarantee
reliable operation. The ball can leave the
field through the goal, but it still moves
up and down. This means that the ball,
even though off the field, will hit the
goal posts. As soon as it hits the edge of
the boundary, above or below the goal,
FF4 will clock FF2 causing the ball to
re-enter the field. To prevent this, the
‘clear’ input of FF4 is connected to the
Q output of FF3. This will block the
clock pulses to FF2 after a goal has
been scored. FF3 is already part of the
sound cireuit (indicating a goal).

The Q output of FF3 must only become
logic ‘1’ when the ball enters the goal.
Moreover, this output condition must
be maintained as long as the ball is ‘out’.
Starting from the situation when the
ball is within the field area and the
Q output of FF3 is logic ‘0°, the oper-
ation of this section of the circuit can
be explained as follows.

Inside the goal, the Q outputs of both
IC16 and IC21 are ‘1°. The N14 output
is, therefore, 0’ and the D input of FF3
is ‘1°. As soon as the ball enters the goal,
the clock pulses applied to FF3 coincide
with this logic ‘1’ condition at the D in-
put. The Q output then becomes logic
‘1°. Since this output is connected to
the D29/D28 OR gate, a ‘1" is applied to
one of the inputs of N14.

The possibility of FF3 changing state is
now determined by the vertical field
boundary (IC16) and the ball position
only. As long as the ball is ‘out’ the out-
put state of FF3 will not change. When
one of the ‘serve’ buttons is pushed the
ball will re-enter the field and the Q out-
put of FF3 will change back to logic ‘0’
The flip-flop should not become ‘0
immediately, as otherwise an unwanted
‘goal’ sound could be generated. This
could happen when the ball is served by
the opponent, so that it has to cross the
field rapidly to ‘appear’ from the other
side. To prevent this, one of the inputs
of N13 is connected to point X, which
is at zero voltage as long as one of the
start switches is depressed. This will
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only work properly if contact X makes
before (or simultaneously with) con-
tacts Y and Z. If this is not the case an
unwanted ‘goal’ sound will be heard
when serving; points Y or Z must then
be used instead of point X.
Hole-in-the-net

As far as we know, this is an entirely
new game. A more simple version does
exist, where one player has to send the
ball through a ‘hole in the wall’.

The ‘hole in the net’ game is rather
more complicated. The field and the
horizontal position of the players are
the same as in the tennis game. How-
ever, it is impossible to play normal
tennis because the ball bounces back off
the ‘net’.

There are three ways to get the ball into
the opponent’s side of the field. The
first two are holes in the net, one corre-
sponding to each bat. As each player
moves his or her bat up and down, the
corresponding hole in the net moves up
and down with it. The trick is to hit the
ball and then quickly place the hole in
the path of the ball.

The third possibility to get the ball
across is sheer luck . . . If the ball hits
the net at precisely the right moment,
the flip-flop that determines the direc-
tion of the horizontal ball movement
may receive two clock pulses. The ball
will then change direction twice, with
the ‘net’ result that it flies straight over
the centre line.

Obviously this game is more difficult

than an ordinary tennis game, since one:
must not only hit the ball but also
position the hole in the net correctly. A
novice at the game will quite often send
the ball into his own goal.

Adding this extension to the original
game requires only very few modifi-
cations (see figure 13).

Three gates are added to the centre line
(‘net’) generator. These gates use the
vertical ‘bat’ signal to blank the video
signal for the centre line. As a result, the’
vertical position and the size of the
holes correspond exactly to those of the
bats. ?
An additional flipflop is required to
bounce the ball back off the net. The
circuit is similar to that used in the foot
ball game for rebounding from the
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vertical boundaries. FF4 can be used for
both circuits, provided one or two
switches are added.

There is no gap in the vertical bound-
aries (‘goal’) for this game, so a mark is
scored when the ball crosses a vertical
boundary at any point — as in the tennis
game. The same sound effects circuit
can therefore be used for both games
(figure 14).

Combining the three games

The diagram of figure 15 shows that it
is relatively simple to design a combined
circuit suitable for all three games:
TV tennis, football and hole-in-the-net.
For clarity’s sake only those sections of
the circuit are shown where modifi-
cations are to be carried out. The letters
at the various connection points refer to
the interface with the original TV tennis
circuit described in part 1.

In the new circuits, 1 © resistors (Rx)
are included in series with the decoup-
ling capacitors for the integrated cir-
cuits. It is recommended to add these
resistors to the basic circuit as well; they
will improve picture quality.

The amplifier

The amplifier design shown in figure 16
is quite straightforward but adequate
for the purpose. The signals from the
sound effects generators (figure 11) are

Figure 12. Additional circuit for ‘football’.
Part of the vertical boundary is blanked to
simulate the goal.

Figure 13. Holes in the net are simulated by
partial blanking of the centre line. This only
requires a minor addition to the circuit for
the centre line.

Figure 14. Circuit addition to control a sound
effect generator.

Figure 15. Combination of the additional cir-
cuits for hole-in-the-net and football requires
a selector switch.

re 16. The audio
straightforward.

amplifier is quite

16
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Figure 17. The p.c. board and component lay-
out for all additional circuitry, i.e. the com-
bination of figures 4, 6, 11, 15 and 16.

(EPS 9363).

Missing Link

In the component layout (figure 17), the
capacitor between IC16 and R77 is C49,
not C44. In the parts list, C49 should be

amplified to the comfortable level of
about 750 milliwatts.

The volume control (P21) can be a pre-
set. When setting this control, take care
that the amplifier is not overloaded; this
is quite audible, the sounds develop a
nasty twang.

The p.c. board

Combination of the circuits shown in
figures 4, 6, 11, 15 and 16 gives the
total circuit for the TV tennis described
in this and the preceding article. The
printed circuit board for these additions
is the same size as the p.c. board for the
basic game, so that it can be mounted
on top of the latter. All connections are
at one end of the board, so that it can
easily be hinged up should final adjust-
ments to the basic board be required.
The wiring between the two boards
should not be neatly bundled; it is
better to run the wires criss<cross to
reduce crosstalk.

Final adjustments
Few problems are likely to arise if the
basic equipment has been correctly set

up.

With S5 switched to ‘TV tennis’, the

centre line is positioned by adjusting
[}

P10.

The next step is the positioning of the
horizontal boundary. P12 is used to set
the width, P11 to set the position. The
vertical boundary can then be adjusted
in the same way, using P14 and P13 for
width and position respectively.

Having carried out these adjustments,
switch S5 to ‘hole-in-the-net’. Two holes
should appear in the centre line, one
corresponding to the vertical position of
each bat. There is no adjustment for
this, so if it does not work there must
be a mistake in the wiring . . .

The last video adjustment is the correct
positioning of the goals for ‘football’.
Switch S5 to ‘football’; the height and
position of the goals is set by P20 and
P19 respectively. Finally the sound
effects units must be adjusted. All
NAND generators must be set on the
verge of oscillation, by means of
PI5...PI8.

The gain of IC23 is set with P21 to a
comfortable level, where there is no
audible distortion. L

n

Resistors:
Figure 4: Figure 6
|
Parts list to figures 4,6,11,15, 16 and  R60,R62 = 100 k RE6,R68 = 100 k
7 R61,R64 = 10 k R67 =10k
R63 = 2k2 R69 = 2k2 :
RE6! R70 = 4k7
P10=100k (preset)  R71=330 Q ;

R72=470Q 4
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Figure 11:

#79,R87,R95,R103 = 150 k
#80,R81,R88,R89,R96,R97,R104,
R105 =68 k
#82,R90,R98,R106 = 12 k
#83,R91,R99,R107 = 47 k
—H84,R92,R100,R108 = 27 k

R85,R93,R101,R109 = 10 k

R86,R94,R102,R110,R115a,

R116 =390 k
R111 =470

R112,R115 = 2k7
R113R114 =270 k
P15...P18 = 470 k (preset)

Figure 15:
R73,R75,R117,R119 = 100 k
R74R77,R118 =10k

k2

k6
R122=470

Figure 16:
R123R124 =10k
R125R126 = 100 k
R127,R128 = 820 O
R129R130=12Q
R131=100 £
R132=1k

Ry =18 (4x)

Capacitors:

Figure 6:
C43,44=470n
€45 =820 n
C46=100n

Figure 11:
C50,C53 . . .C58,C61,62,C65 =33 n
C51,C52,C69,C60 = 10 n
C63,C64=15n

€66 =100 /10 V.

C67,C68 = 100 n

Figure 15:
C46a,C72 =100 n
€47,C69,C70 =470 n
ca8 = 1n5

€77 =100 4/16 V
Semiconductors:
Figure 4:
D15,016 = DUS
Ti4=TUN

1C14 = 74121

Figure 6:
D17,018 = DUS
T15=TUN
1C15 = 74121
Figure 11:
D21...D26=DUS
T17, TUN
119 = 4011
120 = 7408

Figure 15:
D19,020,027,028 = DUS
T16,T19 = TUN
1C16,1C21 = 74121
IC17 = 7474

1c18
1C22 = 7408

Figure 16:
D29,030 = DUS
T20 = BC141

1C23 =741
Mechanical parts:

Figure 15:
S5 = rotary switch 4-pole 3-way
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Masthead
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Figure 1. An aerial preamp consisting of a T}
single grounded-gate FET stage.

ted. Mounting the preamp on the
masthead thus gives a better signal-to-

noise ratio. > sig
Figure 2. Arrangement of two Tike b
e a

On the fringes of the service area
of an AM transmitter it is often
difficult to obtain satisfactory

reception, especially of stereo
transmissions, even when a good
aerial and a first class FM tuner
are used. In such cases a masthead
aerial preamp may provide a
solution.

It should be stressed from the outset
that no aerial preamp will create a usable
signal where the signal is virtually non-
existent, or where it is obliterated by
cosmic and man-made noise. Nor is an
aerial preamp a substitute for a high-
gain aerial system. What an aerial
preamp can do is amplify a reasonably
noise-free (albeit low-level) signal to a
suitable level for feeding into the FM
tuner. Since the preamp will introduce
its own noise contribution it is important
that a good aerial is used to provide the
maximum input signal and thus ensure
the best signal-to-noise ratio at the
outset.

The preamp should be mounted on the
masthead with the aerial for reasons
that are readily apparent. There are in-
evitably losses in the aerial downlead.
So far as the input signal is concerned it
is irrelevant whether it is amplified
first, then attenuated by the cable losses,
or attenuated then amplified. It will
still come out at the same level. If,
however, the preamp is mounted on
the masthead then its noise contribution
will be attenuated by the cable losses,
whereas f it is placed after the downlead
the noise contribution will be unaffec-

Types of preamp
As discussed in an earlier issue of
Elektor (December 1974) aerial pre-
amplifiers can be divided roughly into
two categories — wide-band and tuned
or tunable types. The advantage of
i ifiers is that an
frequency spectrum can be amplified
without having to adjust the tuning
when changing from one frequency to
another. A single amplifier is then suf-
ficient for use on the FM radio, VHF
and UHF TV bands.
The disadvantages of wideband ampli-
fiers are easy to guess. Since a very wide
frequency spectrum is amplified (typi-
cally 80-890 MHz) the total signal
amplitude is fairly high and cross-
modulation easily results. It is also
virtually impossible to design a wide-
band amplifier to give an acceptable
noise figure.
Tunable amplifiers suffer from none
of these drawbacks and can be designed
with higher gain than wideband types.
The only practical disadvantage is
that they must be tuned every time the
station is changed, and for a masthead
preamp this means varicap tuning.
A compromise solution is to use indi-
vidual, broadly-tuned amplifiers for
different frequency bands. The band-
width of an FM aerial preamp need
only be from something below 88 MHz
to just above 108 MHz, all the unwanted
frequencies above and below this
bandpass will be rejected.

FET or Bipolar

The advantages and disadvantages of
FET and bipolar transistors in similar
applications have already been discussed
(Tunable Aerial Amplifier, Elektor
December 1974). In brief, at the fre-
quencies in question, bipolar transistors
offer higher gain than FET’s, but their
noise figure in higher and there is a
greater possibility of cross-modulation.

that of figure 1, back-to-back in a push-pull
configuration. u,

Figure 3. Circuit of a complete push-pull cu
aerial preamp. The additional stage increases o]
the gain to around 25 dB.

For this reason FET’s were chosen.
Having decided on FET’s, there still
remains the choice of operating mode.
The two modes of interest are the
grounded source configuration, which
offers high gain, and the grounded gate
configuration, which has lower gain but
is more stable and predictable. An ad-
ditional advantage of the grounded gate
configuration is, that whereas a grounded
source amplifier can be designed for
high gain or low noise (or a compromise
between the two), in the grounded gate
configuration the compromise between
high gain and low noise is small (i.e. an
amplifier designed for high gain will
still  have fairly low noise and one:
designed for low noise will still have
fairly high gain).

Figure 1 shows the circuit of a simple.
aerial amplifier using a single FET in the
grounded gate configuration. Unfortus
nately the gain is only three or fous
times and the amplifier must be tuned
to each station. The gain may be ind
creased by cascading two of these stages:

as in the ‘Tunable Aerial Amplifier’ in
Elektor 1, December 1974. However, it
was decided to investigate what othef
possibilities were available, and the idea
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of using a push-pull amplifier arose.
Such an amplifier is shown in its basic
form in figure 2, and offers considerable
advantages.
It can easily be constructed using a dual
FET. The Siliconix E430 is eminently
suitable for this purpose. It consists of
two type E310 FET’s in a single pack-
age. These have a high transconductance
(10 mA/V) and a noise figure of only
1.5 dB at 100 MHz. Furthermore, the
input impedance of the grounded gate
amplifier is about 120 £, so the input
impedance of the push-pull amplifier
5 twice this (240 Q). This is very
convenient, as it means that the amplifier
can be connected direct to a quarter
wave folded dipole with only a small
degree of mismatch. The input circuit
need not be tuned and has the same
bandwidth as the aerial. The output
circuit can be broadly tuned with a
passband centred on the middle of the

- FM band (around 95 MHz).

 The circuit of figure 2 will provide a
wvoltage gain of four or five and a good

, signal-to-noise ratio over the entire FM
Sand without the need for any re-
funing. In many cases, however, more
gain than this is required, so in the cir-

| cuit of figure 3 the push-pull stage is

s followed by a second stage operating
& the grounded-gate configuration.
‘The complete circuit operates as follows:
the 300 Q input is connected to points
A and C. If an aerial with an integral

Table 1. Coil winding data.

Coil
L1

L2

Construction

self-supporting

wound on 6 mm
dia,

former with
ferrite
core as specified.

wound on 6 mm
dia.

former with
ferrite
core as specified.

Winding details

5 turns 1 mm.
silver-plated
wire wound on
4 mm. dia, for-
mer. Tap at
21/2 turns.
primary wind-
ing

8turns0.6 mm.
svlver plated

Tap at 4 turns.

Secondary
winding 2
turns 0.6 mm.
enamelled
copper wire.
primary  wind-
in

6 turns

0.6 mm.
silver-plated
wire.

300 © second-
ary 3 turns

enamelled
copper wire.
75 Q second-
ary 1.5 turns
0.6 mm.
enamelled
copper wire.

balun transformer is used this will
have a 75 © output, and this is connec-
ted to B and C. The 4 IN4148 diodes
protect the amplifier against excessive
input signals. Minimum noise contri-
bution from the FET’s is achieved when
the drain current is about 5 mA, so R1
(nominally 220 ©) must be selected to
obtain this current. So that R1 and R2
have no effect on the input impedance
chokes L4 and LS5 are connected in
series with these resistors. These offer a
low impedance to d.c. but a high im-
pedance at 100 MHz. The exact induct-
ance of the chokes is not critical and
may be anywhere between 10 and
100 uH, as long as they are both the
same value.

The amplified signal is coupled into the
final stage by an RF transformer L2.
Since the noise figure of this stage is
not so important it is designed for maxi-
mum gain and the overall voltage gain
of the amplifier is around 18 (25 dB).
The output transformer L3 may have its
secondary wound for an output im-
pedance of either 300 © or 75 §. For
the former the number of turns on the
secondary is three and for the latter,
one and a half turns.

Power Supply

If the circuit is to be used with an in-
door aerial then it is usually possible to
run separate supply leads. In this case
the circuit must be decoupled from the

1
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supply to avoid re-radiation of the signal
from the supply leads. This is the func-
tion of C9 and L6, which consists of
three turns of enamelled copper wire
(diameter not critical) wound through
a ferrite bead.

When the preamp is to be mounted on
a rooftop aerial it is probably better to
feed the supply voltage up the aerial
downlead. To do this it is necessary to
isolate the d.c. supply from the RF
signal, as shown in figures 6 and 7. With
a 75 Q unbalanced downlead the supply
positive is fed up the centre core while
the earth connection is made to the
braid. The 560p capacitors isolate the
input of the FM tuner and the output
of the aerial preamp from the d.c.
supply, while the 5 uH chokes provide
a high impedance to the RF signal so
that it is not ‘shorted out’ by the low
impedance of the supply.

For a 300 Q downlead the situation is a
little more complicated. Both sides of
the cable are floating and there is no
ground connection to the cable at the
tuner or the preamp. For this reason it
is necessary to isolate both sides of the
downlead as shown. A further compli-
cation is, that since the 300 Q twin
feeder is symmetrical it is impossible to
tell which lead is positive and which is
negative unless a continuity check is
carried out first. There then still remains
the posibility of an error occurring if
any changes are made at a later date.
For this reason the supply is connected
to the preamp via a bridge rectifier
made up from 4 1N4148 diodes, so that
whichever way round the cable is the
preamp will always receive the correct
supply polarity. The decoupling chokes
can be home made by winding six or
seven turns of enamelled wire through
a ferrite bead.

According to the manufacturer’s speci-
fication for the E430 the optimum
supply voltage should be around 15 V,
but the prototype functioned with
supply voltages as low as 10 V with no
noticable change in gain or noise figure.
The current taken by the preamp is
around 20 mA max. so it may be poss-
ible to obtain the supply from the tuner

with which it is being used. If a circuit
of the tuner is available it is a simple
matter to find the positive supply
connection to the tuner front-end, and
the decoupling components can easily
be mounted inside the tuner. For those
not wishing to do this a simple stabil-
ized supply can be made up using an IC
voltage regulator such as the TBA625B
or TBA625C.

Construction

Normal ~ VHF construction  practice
should be followed when mounting the
components on a (p.c.) board i.e. all
component leads should be as short as
possible. Figure 5 shows what the com-
pleted board should look like. Coil
winding details are given in table 1. L1
is air-cored and is wound on a 4 mm
diameter former (the refill of a ball-
point pen was used for the prototype)
which is then removed. L2 and L3 were
wound on 6 mm diameter Kaschke coil
formers type KH5/20-44/20 with a
VHF ferrite slug model no. G5.0/75/16
type K3-12-100 colour code green. It
is of course possible to use any other
type of coil form (e.g. Neosid) provided
the diameter is 6 mm and it has a VHF
ferrite slug with permeability pr = 12.
The spacing between the turns is in all
cases equal to the wire diameter. This
spacing can easily be achieved by
putting a bifilar winding on the former
and then removing one of the windings.
The primaries of L2 and L3 are wound
using 0.5 or 0.6 mm diameter silver

Figure 4. Pin connections of the E430 dual
FET.

Figure 5. For reliable performance, the con-
struction of the preamp should be as neat as
possible, with very short component leads.

Figure 6. By decoupling the RF signal and
d.c. voltages from one another the supply can
be fed up the aerial downlead.

Figure 7. Since both sides of a 300 © twin
foeder are floating it is necessary to decouple
both the pomwe and common supply. The
er ensures that the supply to
ways of the correct polarity.

plated wire, and the secondaries are  a
then wound between the turns of the  ir
primaries using enamelled copper wire N
of the same diameter. To avoid interac- 4
tion between L2 and L3 a tinplate  si
screen should be mounted across the' p
board as shown in figure 5. This should " it
be grounded. All capacitors used in the  d

construction should be high-quality’ T
ceramic types. t
Alignment of
Having constructed the circuit the ¥

current flowing through the FET’s can 2
be monitored by measuring the voltage:
across R1 and R2. For the correct
current of 5 mA this should be about: ¥
1.1 V. If it is not then Rl and R2 P!
should be changed to obtain the correct:
value (but note with values of R1 and!
R2 not 220  the voltage drop for
5 mA current will be different, in fact
V (volts) = S x R1/2 (k). Once the |g
current is set the circuit can be connec- |
ted up to an aerial. For optimum results |
the cable between the aerial and the |
preamp should be as short as possible,
and in fact it is a good idea to modify.
the acrial connecting box to_accomodate f
the preamp. If the aerial mcorpomtes
balun (as do all aerials with 75 & outs
put) then this may be dispensed with
and connection made direct from the
dipole to the 300 & input of the
preamp. If one does not wish to do this
then the output of the aerial balun maj
be fed into the 75 & input of the
preamp.
Connect the output of the preamp ta
an FM tuner and tune to a station
around 95 MHz. Screw in the slugs o
L2 and L3 as far as possible and adjus!
Cl, C4 and C8 for maximum gain. Thi¢
will be heard asa decrease in background
noise on the signal. Having adjusted C1
C4 and C8 to give minimum noise o
the signal the slugs of L2 and L3 cas
now be adjusted to increase the gais
(i.e. reduce the noise) still further.

As stated at the outset, an aerial pream
is no substitute for a good aerial, an
should only be resorted to when all

-
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attempts to obtain a usable signal by
installing a high-gain aerial have failed.
Nevertheless this circuit will consider-
ably improve reception in areas of low
signal strength, or where it is not
possible to mount the aerial in a pos-
ition for optimum signal (as where flat-
dwellers must use an indoor aerial).

The cross-modulation performance of
the circuit is extremely good, and with
the equipment available the noise figure
of the prototype was unmeasurable (it
was calculated at between 1.5 and
2 dB). The overload margin is also
extremely good, and the preamp will
happily handle input signals up to 1 V
peak to peak. Finally, the gain of the
prototype was about 25 dB, which is
not to be sniffed at!
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VIERSATILE
LOCIE
IPROIBEE

A logic probe is a useful aid to
testing and fault-finding digital
circuits. The many commercial
and amateur designs currently
available all provide information
about static logic states and a few
also provide information about
the dynamic behaviour of the
circuit. The versatile logic probe
provides information about logic
levels and the duty-cycle of pulse
trains in TTL and DTL circuits
and is unusual in that it uses a
7-segment LED display for the
readout, instead of the more
usual discrete LED's.
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Figure 1 shows the readout provided by

the logic display for various input con-

ditions. The seven segment display is
mounted on its side so that the nor-
mally vertical segments are horizontal.

The various readout conditions are

summarized below.

a. No segments lit. Input voltage is
higher than the maximum per-
mitted 0’ voltage, but lower
than the minimum permitted ‘1”
voltage. i.e. 0.8 V<Vin <24 V

b. Upper segments only lit. Logic
‘1’ level. Input voltage is greater
than 2.4 V.

c.tog. When 2 pulse train is present the
the middle vertical segment is lit.
The upper and lower horizontal
segments glow with a brightness
depending on the duty-cycle.
When the duty<ycle is very
much greater than 50% the up-
per segments glow brightly and
the lower segments are practi-
cally extinguished. As the duty-
cycle is reduced the brightness
of the lower segments increases
until at 50% duty-cycle the up-
per and lower segments glow
with equal brightness. At duty-
cycles less than 50% the lower
segments glow more brightly
than the upper ones.

h.  Lower segments only lit. Logic
<0’ level. Input voltage less than
08 V.

The decimal point of the display lights
as soon as power is applied to the probe
circuit and thus acts as a supply indi-
cator.

Operation of the circuit

The complete circuit of the versatile
logic probe is given in figure 2. It oper-
ates as follows:

when a logic ‘0’ (less than 0.8 V) is
present at the input, both transistors
are turned off. The input of N1 is thus
high, and that of N2 is low, so the out-
put of N1 is low and that of N2 is high
and segments e and f are lit. Careful
choice of biasing resistors for T1 and T2
ensures that if the input is left floating
then T1 is turned on while T2 remains
turned off. The outputs of both N1 and
N2 are thus high and no segments are
lit. The same is true if the input voltage
lies between about 0.8 and 2.4 V. It
may be necessary to alter the value of
R3 slightly to obtain the ‘0’ indication
at exactly 0.8 V because of variations
in gain and base-emitter voltage of dif-
ferent transistors.

Once the voltage on the input exceeds
2.4 V (logic ‘I’ level) both transistors
are turned on, the output of N2 goes
low and the upper segments (b and c)
light.

Dynamic Operation

It is evident from the foregoing that if
a pulse train is applied to the input the
upper and lower segments will light
alternately as the input switches be-
tween logic ‘0’ and ‘I’. If the pulse
repetition frequency is high then the
transition will be too fast for the eye

1 24V
08<Vin<24V
osv
o oy SuPRlyok.
. W
24v
logic ‘1" Vin>24V
o e O,
b
U
| B
o H>t
u to
y>t
t 4
Yt
t 4
<t
1.“_
4
y<t
08V jogic ‘0"
A Vin< 08V
93291
h
Parts list:
Resistors: Capacitors:
R1=18k C1=100n
R2,R5=10k C2,£3=10p
R3,R4,R10=1k ca=10p/16V
R6 =330 2 C5=100u/6.3 V
R7,R8 =220 Q
R9,R12=470 Semiconductors:
R11=27k 1C1 = 7420
R13=1Q Ic2
T1,T2 = BF494
(or BF194)
7-segment

display = MAN7, DL707,
SLAT1, 50827730
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Figure 1. A 7-segment display is used to indi-
cate logic levels. The centre segment indicates
that pulses are present; the duty-cycle can be
estimated from the relative intensity of the
upper and lower segments.

Figure 2. Complete circuit of the versatile
logic probe.

Figure 3. The p.c. board and component lay-
out (EPS 9329).

% follow and the upper and lower
sezments will appear to glow continu-
| susly with a brightness dependent on
| #e duty-cycle of the waveform.

The vertical segment is controlled by
e retriggerable monostable IC2. The
monostable is triggered by N1 on every
9’ to ‘I’ transition of the input, and
By N2 on every ‘I’ to ‘0’ transition, so
|while a pulse train is present at the input
{2 Qoutput is continuously low and
sezment g is lit. The pulse width of the
=monostable is about 100 ms so the Q
L::put will remain low for this period

lafter the last transition has occurred at
input.

[Construction
For ease of construction a p.c. board
_Eyout is given in figure 3. The probe
\erives its power from the circuit under
and a pair of flying leads with
odile clips at one end can be
idered to the p.c. board at the + and 0
cctions. When connecting the
dile clips to the power supply of
circuit under test care should be
en to observe the correct polarity,
erwise the probe might be damaged.
completed printed circuit board can
B mounted in a suitable small box or
jece of PVC drainpipe. The test prod
:;cbc made from a piece of 6 B.A.
hwed rod with the end filed to a
peint. This is inserted through a hole
& the end of the probe housing and
E=ured by a nut on the inside and out-
. A solder tag under the inner nut
es a convenient connection point
the input wire. K

MAN-7

N1+N2=IC1=7420
T1,T2 = 2x BF 494
or 2x BF 194

BFaga

o]
18]
13 ) )

5V

S e Cen 8T8
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LED clock displays
Two new multiple-digit, p.c.b.
‘mounted numeric LED displays
have been introduced by Litronix.
The DL4120A and DL4520A
each incorporate four 7-segment
numeric LED displays mounted
on a p.c.b. within a red poly-
propylene colour filter. The digit
height of the -4520A is % in., and
of the 4520, 1 in. — the largest
numeric LED displays currently
available.

Designed principally for appli-
cations in 12-hour or 24-hour
electronic digital clocks, the
displays include colons for a.m.,
p.m. and Alarm Set indication,
and feature excellent character
definition at viewing distances in
excess of 60 ft.

1t is anticipated that the series
will be extended in the near
future to include end-stackable,
dual-digit p.c.b. mounted display
‘modules for applications such as
t.v. channel indication, instrumen-
tation read-outs, panel meters,
ete.

Typical electrical characteristics
of the DL4520A include a for-
ward voltage of 1.8 V at 20 mA
per segment, and luminous inten-
sity of 1.0 med; the DL4120A.
has a typical forward voltage of
3.6 V at 20 mA, and luminous
intensity of 2.0 med. Currently,
the displays are available in
development quantities: pro-
duction prices are anticipated to

IR R
o
o
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be £4.80 in the case of the
DL4520A, and £5.50 for the
DL4120A, in quantities of 100
10 999.

Litronix House,
593 Hitchin Rd.,
Stopsley, Beds.

Miniature proximity
transducers

A new range of miniature proxim-
ity transducers available from
Schaevitz EM Limited can be used
in such applications as gauging the
run-out of a rotating shaft re-
sulting from bearing wear, and
verifying the thickness and
contour of the strip leaving a
rolling mill. PT series transducers
can also be used to detect the
presence or absence of a ferrous
‘material thereby functioning as a
non-contacting sensor.

These variable reluctance units are

precision electromagnetic devices
that respond to the close presence
of ferromagnetic objects and give
an electrical output which is
approximately inversely pro-
portional to the distance between
a ferromagnetic surface and the
sensitive face of the transducer.
There is no physical contact
involved and measurements can
‘be made with both lateral and
radial motion, whether static or
dynamic.

Pt series units are 1.05 in

(2.7 mm) long overall and are
fully compatible with standard
LVDT signal conditioning equip-
ment. Typical full scale output is
100 mV/V with an excitation of
2.5 kHz at 7.5 V rms, and

125 mV/V with an excitation of
2 kHz at 10 V rms. Four linear
ranges are available from 0.005 in
(0.010 mm) to 0.050 in

(0.100 mm) with quick delivery.

For those applications requiring a
linear output, two closely
matched proximity transducers
are operated in 2 face-to-face
arrangement. Each is equally
spaced from opposite sides of

the ferromagnetic strip being
measured. The primaries are
connected in series or parallel;
secondaries are connected differ-
entially in series-opposing mode.
‘The output is similar to that from
an AC LVDT and includes phase
reversal through the null point.

Schaevitz EM Limited
221 Bedford Avenue

Slough
Berkshire SL1 4RY

New photoresist
Substantial improvements in the
mass production of semiconduc-
tors and integrated circuits are
claimed for a new ultra-pure, high
viscosity positive photoresist
manufactured_by Micro-image
Technology Limited.

This new MIT photoresist,
known as Tsofine HR, will provide
manufacturers of electronic
components with two main ben-
efits. Firstly, the purity and high
viscosity of the chemical greatly
reduces the chance of damage to
the chip during etching and so
helps improve productivity by

=
R e

increasing the yield from each
batch produced. In addition the
higher viscosities available will, it
is claimed, give excellent step
coverage, even when steps of up
t0 3 microns deep are being
etched. Because of the photo-
resists high spectral sensitivity

to ultra=violet light sources

these thicker layers still give

fast exposure times and provide
stable and reproducible images.
The price of this new photo-
resist depends upon the viscosity
specified and the quantities being
ordered, but it will be in the area
of £40 a litre, delivered UK.

Micro-Image Technology
Greenhill Industrial Estate
Riddings, Derby, DES 4UB.

Low priced D/A
converters

Datel Systems Model DAC-
HY12DC is a new 3 BCD digit,
hybrid digital to analog converter
which is priced at just $ 29.00 in
single quantity. The converters
are complete and ready to use,
consisting of a precision zener
reference, monolithic quad cur-
rent switches, a stable thin film

‘programmable output ranges. By
this means unipolar output volt-
ages of 010 +5 V 0r 0 to +10 V.
are achieved; the units can also be

programmed for current output
to give 0 to —1.25 mA. The,
CAD-HY12DC is cased in a minia-
ture 1.3 x 0.8 x 0.15 inch glass
package which is hermetically
sealed.

‘These converters require only
a£15VDC supply for operation
— 1o SVDC power is needed. The
inputs accept standard DTL/TTL
logic and have complementary
BCD coding. Provision is made
for external adjustment of zero
and full scale for precision align-
ment in a given application.
Operating temperature range is
0°C to 70°C. Other specifications
include settling times of 300 nsec.
for current output and 3 usec. for
voltage output. Gain temperature
coefficient is +30 ppm/°C max.
and tempco of zero is +5 ppm/°C
of full scale range. Due to pre-
cisely matched quad current
switches and tightly tracking
nichrome thin-film resistors, the
differential linearity temperature
coefficient is only +2 ppm/°C of
full scale range.

‘The gain error of these converters
is 0.1% and the zero erroris
.05% without external trimming.
Applications for these converters
include data distribution systems,
computer controlled waveform
generation, automatic test equip-
ment, precision ramp generators,
and zero decay hold circuits.
Datal Systems, Inc.

1020 Turnpike St.,

Canton, Mass. 02021 U.S.A.

Sine-Wave Signal
Generator

The SG 504 Leveled Sine-Wave
Signal Generator is designed for
calibrating oscilloscope amplifier
bandpass up to and beyond
today’s state of the art in realt
oscilloscopes. An external leveli
‘head provides a regulated,
constant amplitude sine-wave out
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put over a frequency range of
245 MHz to 1050 MHz. Fre-
quency is indicated by a high-
resolution tape dial that expands
each band over 28 inches.
The instrument produces intern-
ally selectable amplitude refer-
ence signals of 0.05 MHz (for real-
time oscilloscopes) or 6 MHz
(for sampling oscilloscopes). The
output voltage, adjustable with an
accurately calibrated five-turn
front-panel amplitude multiplier
dial, is variable from 0.5 V to
at least 4.0 V peak-to-peak into

0 £2.

A BNC connector on the front
panel provides a frequency
monitoring signal of at least
‘ 0.3 V peak-to-peak. There is
also a provision for frequency
l modulating the output signal

frequency. A front-panel warning
Eeht goes on if the generator is
aaleveled by excessive loading or
 the external leveling head is not
connected. Rear interface connec-
sons are provided for fm input,

* &requency monitor output, and
smplitude control.

\Tekironix, Inc.,

120, Box 500, Beaverton,

\9regon 97077

‘Miniature Multi-Turn
Trimmers
& new component from Jackson
Brothers is a 5 pF version of the
Tefter multi-turn trimmer capaci-
' sor. This has an 8-mm-diameter
» geramic base and a maximum
#eight above the mounting-board

"?x‘
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of under 11 mm. The capacitor
is cylindrical (brass-PTFE-brass),
with screwdriver adjustment. The
Tefter range now comprises 5, 10,
15, 20 and 25 pF versions with a
choice of horizontal or vertical
adjustment, circular or square
base, and various printed-circuit-
board mountings. All are suitable
for frequencies up to and includ-
ing UHF.

Jackson Brothers (London) Ltd.,
Kingsway, Waddon,

Croydon CR9 4DG, England.

Low cost precision
voltage reference

Following the recent introduction
of the 8 bit dual mode A/D
convertor ZN425E, the Electronic
Components Division of Ferranti
Limited announce a low cost
precise 1.26 volt reference source
integrated circuit, the ZN423T.
The ZN423T is specifically
designed for application in a wide
Tange of stabilised power supplies,
A/D convertors and instruments.
The low output voltage also
makes the device ideal for use in
applications requiring battery
powered operation.

The devices are encapsulated in a
2-pin TO18 package and feature a
very low slope impedance of

0.5 Qand a low temperature
coefficient of 100 p.p.m./°C.
They wm operate over the

DEF 107A-approved torch. The
case has a clip for belt or pocket,
with a 12- or 24-inch 4 mm diam-
eter fibre bundle emerging from
the top. A light-focussing bulb
concentrates the beam onto the
polished entry face of the bundle;
a similarly polished exit face also
contributes to maximum
efficiency.

Angled dental-type mirrors are
available, to order, with hollow
handles designed 1o grip the
flexible light-guide. Alternatively
a remotely-controlled hinged
mirror can be supplied. Each type
of mirror reflects the light from
the tip of the probe, and also
reflects the illuminated field of
view to the user.

The battery holder measures

187 mm by 60 mm diameter
(73/8 by 23/8 inches), and
weighs 0.17 kg (6 0z). It is made
of high-density polyethylene,
with non-ferrous metal parts.
Waterresis H

power satellite communication
transmitter with power levels up
t0 35 watts CW. They may also be
used as power amplifiers for FM
or digital radio relay applications.
Designated the VZJ2656, the
systems use Varian’s field-proven
communications TWT’s an
all-solid state automatic power
supplies. These TWTA’s meet
long-haul radio relay and ICSC
specifications.

Features

VZJ2656 series features include:

— Separate RF and Power supply
modules;

— Available in models covering
communication bands from
1.7 GHz to 15.25 GHz.

— Customizable RF module.

— All convection cooling.

Price is $ 6500 in quantities of

1to2.

Varian of Canada Ltd, 45 River
Drive, Georgetown, Ontario.

VHF-FM Marine
Radiotelephone

A new VHF-FM Marine
Radiotelephone providing

71 channels for full coverage on
all U.S. and international assigned

industri; ange of

‘0°Cto +70"C and a ml].ltary

temperature range version will be
available shortly.
Electronic Components Division,
Ferranti Limited, Gem Mill,
Chadderton, Oldham, Lancashire

New Glass-fibre

Lite Probe

EFP have added a new model to
their enormously successful glass-
fibre inspection probe, giving con-
siderably more light for looking
into difficult-access places. This is
the Mark 2 Lite Probe, intended
for industrial and professional
use, and claimed to be the only
truly portable (battery-operated)
cold-light source at anywhere near
its price, and several times
cheaper than similar mains-
operated types. The makers point
out the inherent safety, in electri-
cal work, of using a glass-fibre
light-guide of several megohms
resistance, and the ease of
directing the emerging light where
it is wanted, without getting
scorched fingers. Moreover it
meets the requirements of per-
‘haps 90% of the possible appli-
cations in the engineering,
aviation, marine, electrical,
electronic and consultative fields.
The battery container, holding
two U2 cells, is basically a

p:
versions are available, as are
longer-length and larger-diameter
fibre bundles, and an instrument
case to hold both Lite Probe and
accessories. Price of the basic
instrument, including delivery and
VAT, ordered direct from Edward
Fletcher & Partners, is £12.20 for
the 12-inch-probe model and
£12.69 for the one with the
longer (24-inch) probe. The Lite
Probe will also be available from
main electrical wholesalers.
Edward Fletcher & Partners,

8 Spencer Rd.,

Twickenham,

Middlesex

.. . for satellite

is available from
Pathcom, Inc.

Known as Model M5600 this new
marine radiotelephone is
Pathcom’s newest unit in its Pace

”;
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Seamaster series. Utilizing only

one crystal combined with a
phase locked loop oscillator and

A modular universal traveling
wave tube amplifier (TWTA) has
been introduced by Varian,
offering power levels up to

35 watts CW.

A typical application is as a

circuitry, this new model provides
the lowest cost per channel.

Ideal for commerecial and pleasure
craft on the high seas and
international waters, the new
unit features: Simplex-Duplex
switch for channel selection,
transmit automatic level control
to maintain maximum legal

25 watt power output, switchable
to 1 watt for close to shore
operation.

Pathcom Inc., Pace Division,
International Division,

2200 Shames Drive, Westbury,
New York 11590.
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M6800 has taken
the gamble out of
MiCYoprocessors

Seven reasons why you'll always win with M6800.

. Programming language.

S ily learned that it makes your transition
that much easier.

. Unlike competitive ranges, the M6800 family
is capable of further development while still
maintaining upward compatibility.

Example: The M6900 series is now being
defined to meet defined customers’
requirements.

o

. Very efficient programme code.
Wide instruction repertoire. including seven
addressing modes.
Sub-function devices already available.
Single power rail. 5 volt.
Interfaces easily with TTL and CMOS.
Second sourced by AMI across Europe.
Here's the M6800 family today: —
MC6800  Microprocessor.
MC6820  Peripheral Interface Adapter.
MCMS6810 Static RAM.
MCM6830 ROM.
MC6850  Asynchronous Communications
Interface Adapter.
MC6860  Low Speed Modem.
Alternative N-Channel Si Gate RAMs for
large systems: —
MCM68102 1K x 1 Static 16-pin.
MCM6814° 4K x 1 Dynamic  16-pin,
MCM6815 4K x1 Dynamic 22-pin.

e

Recent new devices include: —

Dynamic Memory Refresh Controller.
MCM68112A 256 x4 Static RAM, 16-pin.
MCM68317 16K Static ROM, 24-pin.
An 8K x 1 erasable and electrically

reprogrammable ROM (MCM68708) was

introduced in the first quarter of 1976.

And there’s more to come!
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